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(54) Electroacoustical transducing with low frequency aufmenting devices 



(57) A method for processing a multichannel audio 
signal. The method Includes mounting electroacoustical 
transducers in a low frequency augmenting device. The 
electroacoustical transducers radiate different high fre- 
quency acoustic energy and common low frequency 



acoustic energy. The transducers may be part of direc- 
tional arrays. The method is applied to multimedia en- 
tertainment devices. 
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Description 

BACKGROUND OF THE INVENTION 

[0001] The invention relates to electroacoustical 
transducing with low frequency augmenting devices, 
and more particularly to the use of directional arrays with 
low frequency devices, and still more particularly to the 
use of directional arrays with low frequency as applied 
to multimedia entertainment devices. 
[0002] It is an important object of the invention to pro- 
vide an improved method for using directional arrays 
with low frequency augmenting devices and integrating 
the directional arrays in multimedia entertainment de- 
vices, such as gambling machines and video games. 

BRIEF SUMMARY OF THE INVENTION 

[0003] According to the invention, a method for 
processing audio signals includes receiving a first chan- 
nel audio signal; separating the first audio channel sig- 
nal into a first channel first spectral portion and a first 
channel second spectral portion. The method further in- 
cludes a first processing, of the first channel signal first 
spectral portion, according to a first process represent- 
ed by a first non-unity non-zero transfer function to pro- 
vide a first channel first processed signal; a second 
processing, of the first channel first spectral portion, ac- 
cording to a second process represented by a second 
transfer function, different from the first transfer function, 
to provide a first channel second processed signal; and 
combining the first channel first processed signal and 
the first channel second spectral portion to provide a first 
channel first combined signal. The method still further 
includes transducing, by a first electroacoustical trans- 
ducer, the first combined signal; combining the first 
channel second processed signal and the first channel 
second spectral portion to provide a first channel second 
combined signal; and transducing, by a second elec- 
troacoustical transducer, the second combined signal. 
[0004] In another aspect of the invention, method for 
processing a multichannel audio signal, includes sepa- 
rating a first audio channel signal stream into a first 
channel first spectral portion and a first channel second 
spectral portion; separating a second audio channel sig- 
nal stream into a second first spectral portion and a sec- 
ond channel second spectral portion; processing the 
first channel signal first spectral portion according to a 
first process represented by a first non-unity non-zero 
transfer function to provide a first processed signal; 
processing the first audio channel signal first spectral 
portion according to a second process represented by 
a second transfer function different from the first transfer 
function to provide a second processed signal; process- 
ing the second channel first spectral portion according 
to a third process represented by a third non-unity non- 
zero transfer function to provide a third processed sig- 
nal; and processing the second channel signal first 



spectral portion according to a fourth process represent- 
ed by a fourth transfer function different from the third 
transfer function to provide a fourth processed signal. 
The method further includes combining the first channel 

5 second spectral portion and the second channel second 
spectral portion to provide a combined first channel sec- 
ond spectral portion; and transducing, by a first electroa- 
coustical transducer, the first channel combined second 
spectral portion and a one of the first channel first proc- 

10 essed signal, the first channel second processed signal, 
the first channel third processed signal and the first 
channel fourth processed signal. 
[0005] In another aspect of the invention, an electroa- 
coustical device includes a first directional array. The 

15 first directional array includes a first electroacoustical 
transducer and a second electroacoustical transducer. 
The first and second electroacoustical transducers each 
includes a first radiating surface and a second radiating 
surface. The device further includes a low frequency 

20 augmenting structure having an interior and an exterior 
wherein the electroacoustical device is constructed and 
arranged so that the first electroacoustical transducer 
first radiating surface and the second electroacoustical 
transducer first radiating surface face a surrounding en- 

25 vironment and so that the first electroacoustical trans- 
ducer second radiating surface and the second elec- 
troacoustical transducer second radiating surface face 
the low frequency augmenting structure interior. 
[0006] In another aspect of the invention, a method 

30 for operating a multichannel audio system, the mul- 
tichannel audio system including a first and second elec- 
troacoustical transducer and an acoustic waveguide, in- 
cludes positioning the first transducer and the second 
transducer at separated points in the waveguide so that 

35 a first radiating surface of the first transducer and a first 
radiating surface of the a second transducer radiate 
sound waves into the acoustic waveguide; separating a 
first channel signal into a first channel high frequency 
audio signal and a first channel low frequency audio sig- 

40 nal; separating a second channel signal into a second 
channel high frequency audio signal and a second chan- 
nel low frequency audio signal; and combining the first 
channel low frequency audio signal and the second 
channel low frequency audio signal to form a common 

45 low frequency audio signal. The method further includes 
transmitting the common low frequency audio signal to 
the first transducer and the second transducer; trans- 
mitting the first channel high frequency audio signal to 
the first transducer; transmitting the second channel 

50 high frequency audio signal to the second transducer; 
radiating into the waveguide, by the first transducer, 
sound waves corresponding to the first channel high fre- 
quency signal and the common low frequency audio sig- 
nal; and radiating into the waveguide, by the second 

55 transducer, sound waves corresponding to the second 
channel high frequency signal and the common low fre- 
quency audio signal. 

[0007] In another aspect of the invention, a method 
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for operating a multimedia entertainment device having 
an audio system having a first and a second loudspeak- 
er array and a first and second audio channel, the first 
and second audio channels each having a high frequen- 
cy portion and a low frequency portion, the multimedia 
entertainment device including an associated listening 
space, includes radiating directionally toward the listen- 
ing space, by the first loudspeaker array, sound waves 
corresponding to the first audio channel high frequency 
portion; and radiating directionally toward the listening 
space, by the second loudspeaker array, sound waves 
corresponding to the second audio channel high fre- 
quency portion; and radiating non-directionally, by the 
first loudspeaker array and the second loudspeaker ar- 
ray, the first channel low frequency portion and the sec- 
ond channel low frequency portion. 
[0008] In another aspect of the invention, an enter- 
tainment area includes a first multimedia entertainment 
device includes an audio system. The audio system in- 
cludes a first audio channel and a second audio chan- 
nel. The first audio channel and the second audio chan- 
nel each include a high frequency portion and a low fre- 
quency portion. The first multimedia entertainment de- 
vice includes a first loudspeaker array and a second 
loudspeaker array. The entertainment area includes a 
listening space associated with the first multimedia en- 
tertainment device. The area further includes a second 
multimedia entertainment device that includes an audio 
system. The audio system includes a first audio channel 
and a second audio channel. The first audio channel and 
the second audio channel each include a high frequency 
portion and a low frequency portion. The second multi- 
media entertainment device includes a first loudspeaker 
array and a second loudspeaker array. The entertain- 
ment area includes a listening space associated with the 
second multimedia entertainment device. The first mul- 
timedia entertainment device and the second multime- 
dia training device are in a common listening area. The 
first multimedia entertainment device is constructed and 
arranged to radiate sound waves corresponding the first 
device first channel high frequency portion and the first 
device second channel high frequency portion direction- 
ally so that the sound waves corresponding to the first 
device first channel high frequency portion and the 
sound waves corresponding to the first device second 
channel high frequency portion are significantly more 
audible in the listening space associated with the first 
device than in the listening space associated with the 
second device. The second multimedia entertainment 
device is constructed and arranged to radiate sound 
waves corresponding the second device first channel 
high frequency portion and the second device second 
channel high frequency portion directionally so that the 
sound waves corresponding to the second device first 
channel high frequency portion and the second device 
second channel high frequency portion are significantly 
more audible in the listening space associated with the 
second device than in the listening space associated 



with the first device. 

[0009] In another aspect of the invention, an audio 
system for radiating sound waves corresponding to a 
first audio signal and a second audio signal includes an 

5 indicator for indicating a directional radiation pattern 
preference. The indicator has at least two states. The 
audio system includes a detector for detecting the indi- 
cator and a directional array for radiating sound waves 
in a plurality of directional radiation patterns. The direc- 

10 tional array is constructed an arranged to radiate acous- 
tic energy according to a first directional radiation pat- 
tern upon the detection of a first indicator state to radiate 
acoustic energy according to the second directional ra- 
diation pattern upon the detection of a second indicator 

15 state. 

[0010] In another aspect of the invention, a method 
for dynamically equalizing an audio signal, includes pro- 
viding an audio signal; a first attenuating, of the audio 
signal, by a variable factor G, where 0<G<1 to provide 

20 a first attenuated signal; and a second attenuating, of 
the audio signal, by a variable factor 1-G to provide a 
second attenuated signal. The method further includes 
equalizing the first attenuated signal to provide an 
equalized first attenuated signal and combining the 

25 equalized first attenuated signal with the second atten- 
uated signal to provide an output signal. 
[0011] In another aspect of the invention, a method 
for clipping and post-clipping processing an audio sig- 
nal, includes clipping an audio signal to provide a 

30 clipped audio signal; filtering, by a first filter, the audio 
signal to provide a filtered undipped audio signal; and 
filtering, by a second filter, the clipped audio signal to 
provide a filtered clipped audio signal. The method fur- 
ther includes differentially combining the filtered clipped 

35 audio signal and the clipped audio signal to provide a 
differentially combined audio signal; and combining the 
filtered undipped audio signal and the differentially com- 
bined audio signal to provide an output signal. 
[0012] In another aspect of the invention, a method 

40 for controlling the directivity of a sound radiation pattern 
includes providing an audio signal to a first attenuator, 
a time delay, and a first summer. The method also in- 
cludes a first attenuating, by the first attenuator by a var- 
iable factor G, where 0<G<1 of the audio signal to pro- 

45 vide a first variably attenuated audio signal; a second 
attenuating, by a variable factor (1 -G) of the audio signal 
to provide a second variably attenuated audio signal; 
time delaying the first audio signal to provide a delayed 
audio signal; a third attenuating, by a variable factor H, 

so of the delayed audio signal to provide a first variably at- 
tenuated delayed audio signal; a fourth attenuating, by 
a variable factor (1-H) to provide a second variably at- 
tenuated delayed audio signal. The method further in- 
cludes combining the first variably attenuated audio sig- 

55 nal with the second variably attenuated delayed audio 
signal to provide a first transducible audio signal; and 
combining the second variably attenuated audio signal 
with the first variably attenuated delayed audio signal to 
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provide a second tranducible audio signal. 
[0013] In stiil another aspect of the invention, a gam- 
bling device includes an associated listening space and 
an audio system. The audio system includes a direction- 
al loudspeaker array that includes a plurality of trans- 5 
ducers. Sound waves radiated by a first of the plurality 
of transducers combines constructively in a first direc- 
tion and combines destructively in a second direction. 
The first direction is toward the listening space. 
[0014] Other features, objects, and advantages will 10 
become apparent from the following detailed descrip- 
tion, when read in connection with the accompanying 
drawing in which: 

BRIEF DESCRIPTION OF THE SEVERAL VIEWS OF 15 
THE DRAWING 

[0015] 

FIG. 1A is a block diagram of an audio signal 20 
processing system embodying the invention; 

FIG. 1B is a block diagram of an alternate imple- 
mentation of the audio signal processing system of 
FIG. 1A; 25 

FIG. 2 is a block diagram of another alternate im- 
plementation of the audio signal processing system 
of FIG. 1 A; 

30 

FIG. 3A is a diagrammatic view of an implementa- 
tion of the audio signal processing system of FIG. 2; 

FIG. 3B is a diagrammatic view of another imple- 
mentation of the audio signal processing system of 35 
FIG. 2; 

FIG. 3C is a diagrammatic view of electroacoustical 
transducer arrangements for use in directional ar- 
rays. 40 

FIG. 4 is a diagrammatic view of a networked plu- 
rality of audio signal processing systems; 

FIG. 5 is a diagrammatic view of an alternate imple- 45 
mentation of the audio signal processing system of 
FIG.3A; 

FIG. 6 is a block diagram of another audio signal 
processing system embodying the invention; 50 

FIG. 7 is a diagrammatic view of an implementation 
of the embodiment of FIG. 6; 

FIG. 8A is a block diagram of another audio signal 55 
processing system embodying the invention; 

FIG. 8B is a block diagram of an alternate circuit for 



processing a center channel signal; 

FIG. 8C is a block diagram of an alternate imple- 
mentation of the embodiment of FIG. 8A. 

FIG. 9 is a diagrammatic view of an implementation 
of the audio signal processing system of FIGS. 8A 
and 8C; 

FIGS. 1 0A and 1 0B collectively are a block diagram 
of another audio signal processing system embod- 
ying the invention; 

FIG. 11 is a diagrammatic view of an implementa- 
tion of the audio signal processing system of FIGS. 
10A and 10B 

FIG. 12 is a block diagram of an audio processing 
system including alternate configuration of some of 
the elements of previous figures and showing some 
additional features of the invention; 

FIGS. 13A - 13C are block diagrams showing more 
detail of some of the elements of FIG. 12; 

FIG. 14 is a block diagram showing more detail of 
another of the elements of FIG. 12; 

FIGS. 15A and 15B are block diagrams of another 
of the elements of FIG. 12; 

FIG. 15C shows frequency response curves illus- 
trating the operation of the circuits of FIGS. 1 5A and 
15B; 

FIG. 16 is a block diagram of another of the ele- 
ments of FIG. 12; 

FIGS. 17A and 17B are diagrams of another audio 
signal processing system embodying the invention; 

FIG. 18 is a diagram of another implementation of 
the audio signal processing system of FIGS. 17A 
and 17B; and 

FIG. 19 is an alternate implementation of the audio 
signal processing system of FIG. 18. 

DETAILED DESCRIPTION 

[0016] With reference now to the drawing and more 
particularly to FIG. 1A, there is shown an audio signal 
processing system 1 according to the invention. Input 
terminals 10, 12, receive audio signals corresponding 
to two channels A and B of a stereo or multichannel au- 
dio system. Input terminals 10 and 12 are coupled to 
filtering and combining circuitry 14, which outputs a 
modified audio signal on audio signal lines 16, 18, and 
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20. Audio signal line 1 6 is coupled to processing blocks 
23 - 26 of audio signal processing circuitry 22. Signal 
processing block 23 is coupled to summer 27A, which 
is coupled to electroacoustical transducer 27B. Signal 
processing block 24 is coupled to summer 28A, which 5 
is coupled to electroacoustical transducer 28B. Signal 
processing block 25 is coupled to summer 29A, which 
is coupled to electroacoustical transducer 29B. Signal 
processing block 26 is coupled to summer 30A, which 
is coupled to electroacoustical transducer 30B. Audio 
signal line 18 is coupled to processing blocks 31 - 34 of 
audio signal processing circuitry 22. Signal processing 
block 31 is coupled to summer 27A. Signal processing 
block 32 is coupled to summer 28A. Signal processing 
block 33 is coupled to summer 29A. Signal processing 
block 34 is coupled to summer 30A. Audio signal line 20 
is coupled to processing block 35 of audio signal 
processing circuitry 22. Processing block 35 is coupled 
to summers 27A - 30A. 

[0017] Combining and filtering circuitry 14 may in- 
clude a high pass filter 36 coupled to input terminal 10, 
and a high pass filter 40, coupled to input terminal 12. 
Combining and filtering circuitry 14 may also include a 
summer 38, coupled to input terminal 10 and to input 
terminal 12, optionally through a phase shifter 37A or 
37B, respectively. Summer 38 is coupled to low pass 
filter 41 which outputs to signal line 20. The character- 
istics and function of phase shifters 37A and 37B are 
described in co-pending U.S. Pat. App. 09/735,123. 
Phase shifters 37A and 37B have similar or different pa- 
rameters, so long as they have the cumulative effect de- 
scribed in co-pending application U.S. Pat. App. 
09/735,123. over the range of frequencies in the pass 
band of low pass filter 41. The system of FIG. 1A may 
also include conventional elements, such as DACs and 
amplifiers, not shown in this view. 
[0018] In operation, combining and filtering circuitry 
14 outputs on signal line 16 a high frequency A channel 
signal [Ahf], on signal line 1 8 a high frequency B channel 
signal [Bhf] and on a third signal line 20 a combined low 
frequency signal [(A+B)lfl. The audio signal on signal 
line 16 is processed in processing blocks 23 - 26 in a 
manner represented by transfer functions H1(s) - H4(s) 
respectively (where s is the Laplace frequency variable 
/co and a)=2rcf so that H(s) is a frequency domain repre- 
sentation of a transfer function) and output to summers 
27A - 30Aand then to electroacoustical transducers 27B 
- 30B, respectively. The signal on signal line 18 is proc- 
essed in processing blocks 31 - 34 in a manner repre- 
sented by transfer functions H5(s) - H8(s), and output 
to summers 27A - 30A and then to electroacoustical 
transducers 27B - 30B, respectively. The signal on sig- 
nal line 20 is processed in processing block 35 in a man- 
ner represented by transfer function H9(s), and output 
to summers 27A - 30A then to electroacoustical trans- 
ducers 27B - 30B, respectively. A result of the process- 
ing of the system of FIG. 1A is that transducers 27B - 
30B each may receive signals Ahf and Bhf processed 



according to a different transfer function, and that trans- 
ducers 27 - 30B each receive a combined (A+B)lf signal. 
[0019] The result of the processing of the system of 
FIG. 1 A is that transducer 27B receives a signal H1(s) 
Ahf+H5(s)Bhf+H9(s)(A+B)lf; transducer 28B receives a 
signal H2(s)Ahf + H6(s)Bhf + H9(s)(A+B)lf; transducer 
29B receives a signal H3(s)Ahf + H7(s)Bhf + H9(s)(A+B) 
If; and transducer 30B receives a signal H4(s)Ahf+H8 
(s)Bhf+H9(s)(A+B)lf. If phase 36A or 37B, or both, are 
present, a phase shift may be included in the signal re- 
ceived by the several transducers. 
[0020] Transfer functions H 1 (s) - H9(s) may represent 
one or more of attenuation/amplification; time delay; 
phase shift; equalization, HRTF processing (as will be 
explained below in the discussion of FIGS. 17A and 
1 7B) or other linear or non-linear signal processing func- 
tions. Transfer functions H1(s) - H9(s) may also repre- 
sent no change (or expressed mathematically, may 
have a value of unity), or may be absent (or expressed 
mathematically, may have a value of zero); examples of 
these two conditions will be described below. Addition- 
ally, each of the electroacoustical transducers 27B - 30B 
may be equalized individually, in addition to any equal- 
ization that may be done in processing blocks 23 - 26 
and 31 - 35. Individual transducer equalizing is most 
conveniently performed by a processor associated with 
the individual transducers. 

[0021] The system of FIG. 1A is shown as a logical 
block diagram. In FIG. 1 A and in other logical block di- 
agrams following, there may or may not be physical el- 
ements corresponding to each of the elements of FIG. 
1A. For example, input terminals 10 and 12 can be im- 
plemented as a single physical input terminal receiving 
a stream of digitally encoded signals. Elements such as 
the high pass filters 36 and 40, or the processing blocks 
23 - 26 and 31 - 35, or others, can be implemented by 
a digital signal processor (DSP) operating on digitally 
encoded data. Additionally, other circuit arrangements 
can produce the substantially the same result as the ar- 
rangement of FIG. 1 A. For example, channels A and B 
may be filtered by a low pass filter such as filter 41 prior 
to combining. High pass filters 36 and 40 may be imple- 
mented as low pass filters with differential summation 
with the unfiltered signal, as shown below in FIG. 14. 
More than one of the blocks may be represented by a 
single element, or blocks may be consolidated; for ex- 
ample high pass filters 36 and 40 can be incorporated 
into the transfer functions of blocks 23 - 26 and 31 - 34 
and low pass filter 41 can be incorporated into the trans- 
fer function of block 35. 

[0022] "Coupled/ as used herein, means "communi- 
catingly coupled" that is, two coupled components are 
configured to communicate an audio signal. The cou- 
pled components may be physically connected by elec- 
trically conductive wire or by optically transmissive fiber, 
or may be communicatingly coupled by a wireless tech- 
nique such as infrared or radio frequency (RF), or other 
signal communication techniques. If the elements are 
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implemented as a DSP operating on digitally encoded 
signals, "coupled" means that the DSP can operate on 
the digitally encoded audio signals in the manner indi- 
cated by the elements and described in the associated 
portion of the disclosure. Similarly "signal line" as used 
herein, means any transmissive path, including electri- 
cally conductive wire, optically transmissive fiber, a wire- 
less communication path, or other type of signal trans- 
mission path, for transmitting analog or digitally encod- 
ed audio signals. "Directional," as used herein, means 
that at frequencies with corresponding wavelengths that 
are long relative to the dimensions of the radiating sur- 
face, the amplitude of the sound radiated in the direction 
of maximum radiation is at least 3 dB more than the am- 
plitude of the sound radiated in the direction of minimum 
radiation. "Directional (or more directional) in direction 
X" means that the radiation level is audibly greater in 
direction X than in some other directions, even if direc- 
tion X is not the direction of maximum radiation. A direc- 
tional acoustic device typically includes a component 
that changes the radiation pattern of a transducer so that 
radiation from the transducer is more audible at some 
locations in space than at other locations. Two types of 
directional devices are wave directing devices and in- 
terference devices. A wave directing device includes 
barriers that cause sound waves to radiate with more 
amplitude in some directions than others. Wave direct- 
ing devices are typically effective for radiation having a 
wavelength comparable to, or shorter than, the dimen- 
sion of the wave directing device. Examples of wave di- 
recting devices are horns and acoustic lenses. Addition- 
ally, acoustic drivers become directional at frequencies 
with corresponding wavelengths that are comparable to 
or shorter their diameters. "Non-directional," as used 
herein, means that at frequencies with corresponding 
wavelengths that are long relative to the dimensions of 
the radiating surface, the amplitude of the sound radiat- 
ed in the direction of maximum radiation is less than 3 
dB more than the amplitude of the sound radiated in the 
direction of minimum radiation. "Listening space," as 
used herein means a portion of space typically occupied 
by a single listener. Examples of listening spaces in- 
clude a seat in a movie theater, an easy chair, a reclining 
chair, or sofa seating position in a domestic entertain- 
ment room, a seating position in an vehicle passenger 
compartment, a single listener gambling device, or a vid- 
eo game playable by one person, and the like. Occa- 
sionally, more than one listener may be in a listening 
space, for example when two people are playing the 
same video game. "Listening area," as used herein 
means a collection of listening spaces that are acousti- 
cally contiguous, that is, not separated by an acoustical 
barrier. 

[0023] An interference device has at least two radiat- 
ing elements, which can be two acoustic drivers, or two 
radiating surfaces of a single acoustic driver. The two 
radiating elements radiate sound waves that interfere in 
a frequency range in which the wavelength is larger than 



the diameter of the radiating element. The sound waves 
destructively interfere more in some directions than they 
destructively interfere in other directions. Stated differ- 
ently, the amount of destructive interference is a function 

5 of the angle relative to the midpoint between the drivers. 
The term "low frequency" as used herein, refers to fre- 
quencies up to about 200 Hz (which has a correspond- 
ing wavelength of 5.7 feet or 1 .7 meters) or up to about 
400 Hz (which has a corresponding wavelength of about 

w 2.8 feet or 86 centimeters. "High frequency" as used 
herein refers to frequencies whose corresponding 
wavelength is above the low frequency range. For a 
cone type electroacoustical transducer with a cone di- 
ameter of about 4 inches, a typical high frequency range 

is would be above about 200 Hz. "Very high frequencies" 
as used herein is a subset of high frequencies and refers 
to frequencies in the audible spectrum that have a cor- 
responding wavelength that are less than the diameter 
of the transducer used to radiate them (above about 3.5 

20 kHz for an electroacoustical transducer with a cone di- 
ameter of about 4 inches. 

[0024] An audio signal processing system according 
to FIG. 1 A is advantageous because a plurality of trans- 
ducers can directionally radiate sound waves corre- 

25 sponding to a high frequency audio signal, using signal 
processing techniques to create destructive interfer- 
ence. Destructive interference is described more fully in 
U.S. Pat. 5,809,153 and U.S.Pat. 5,870,484. At the 
. same time, the plurality of transducers can cooperative- 

30 |y radiate sound waves corresponding to a low frequen- 
cy audio signal in the range of frequencies at which 
sound waves combine constructively, thereby providing 
more acoustic energy in the low frequency range. 
[0025] Referring to FIG. 1B, there is shown an alter- 

35 nate implementation of the embodiment of FIG. 1A. In 
FIG. 1B, a time delay is placed in the signal path be- 
tween processing block 35 and one or more of the trans- 
ducers. For example, processing block 35 may be cou- 
pled to summers 29A and 30A by time delay 61 . Alter- 

40 natively, processing block 35 may be coupled to sum- 
mer 29A by time delay 62 and to summer 30A by time 
delay 63. Time delays similar to the delays 61 , 62, and 
63 can be interposed between processing block 35 and 
transducers 27B and 28B. Still further time delays may 

45 be incorporated in the processing blocks 23 - 26 and 31 
- 34 of FIG. 1A. The time delays may be implemented 
as all pass filters, as complementary all pass filters, non- 
minimum phase filters, or as delays. The time delays 
can be used to create relative time differences between 

so the signals applied to the transducers. 

[0026] Referring now to FIG. 2, there is shown an im- 
plementation of the audio signal processing system of 
FIG. 1A. In the embodiment of FIG. 2, input terminals 
10 and 12 represent the left (L) input terminal and the 

55 right (R) input terminal of a conventional multichannel 
system. Transfer function H1(s) and H8(s) in processing 
blocks 23 and 34, respectively, represent no change 
(have a value of unity); transfer functions H3(s), H4(s), 
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H5(s), and H6(s) in processing blocks 25, 26, 31, and 
32 have a value of zero and are not shown. Processing 
block 35, which includes transfer function H9(s) that af- 
fects the If signal transmitted to the four transducers 
equally. Transfer functions H2(s) and H7(s) of process- 
ing blocks 24 and 33, respectively represent a phase 
inversion (denoted by a negative sign) and a time shift 
(At2 and At7, respectively). The result of the signal 
processing of the embodiment of FIG. 2 is that trans- 
ducer 27B radiates sound waves corresponding to the 
signal combination Lhf + (L+R)lf; transducer 28B radi- 
ates sound waves corresponding to the signal combina- 
tion -LhfAt2 + (L+R)lf; transducer 29B radiates sound 
waves corresponding to the signal combination -RhfAt7 
+ (L+R)lf; and transducer 30B radiates sound waves 
corresponding to the signal combination Rhf + (L+R)lf. 
[0027] Referring to FIG. 3A, there is shown a diagram 
of an implementation of the embodiment of FIG. 2, illus- 
trating one use of the invention. Transducers 27B and 
28B may be conventional four inch diameter cone type 
acoustic drivers mounted so that one radiating surface 
of each transducer radiates acoustic energy into a 
waveguide 39A either directly or through an acoustic 
volume 80 or some other acoustic element. The other 
radiating surface of each transducer radiates acoustic 
energy directly to the external environment. The char- 
acteristics of transfer functions H1 (s) and H2(s), includ- 
ing time delay At2, and the location and orientation of 
transducers 27B and 28B are set so that the front sur- 
faces of transducers 27B and 28B function as a direc- 
tional array radiating sound waves corresponding to the 
high frequency spectral components of the left channel 
in a radiation pattern (such as cardioid 40) in which more 
acoustic energy is radiated in a direction 44 generally 
toward listener 46 in a listening position associated with 
the audio signal processing system 1 than in some other 
direction. Transducers 29B and may be conventional 
four inch diameter cone type acoustic drivers mounted 
so that one radiating surface of each transducer radiates 
acoustic energy into a waveguide 39A either directly or 
through an acoustic volume 82 or some other acoustic 
element. The other radiating surface of each transducer 
radiates acoustic energy directly to the external environ- 
ment. The characteristics of transfer functions H7(s) and 
H8(s), including time delay At7 and the location and ori- 
entation of transducers 29B and 30B are set so that the 
front surfaces of transducers 29B and 30B function as 
a directional array radiating sound waves corresponding 
to the high frequency spectral components of the right 
channel in a radiation pattern (such as cardioid 42) in 
which more acoustic energy is radiated in a direction 48 
generally toward listener 46 in a listening position asso- 
ciated with the audio signal processing system 1 . Direc- 
tional arrays are discussed in more detail in U.S. Pats. 
5,809,153 and 5,870,484. Sound waves radiated by the 
back surfaces of the cone into the waveguide, particu- 
larly low frequency sound waves augment low frequen- 
cy sound waves radiated by the front surface of the 



cone. In this implementation of the embodiment of FIG. 
2, transducers 29B and 30B are acoustically coupled to 
waveguide 39A near a closed end of the waveguide and 
transducers 27B and 28B are acoustically coupled to 

5 waveguide 39A approximately halfway between the 
ends of the waveguide. With the transducers positioned 
in this manner, the waveguide 39A and the transducers 
operate in a manner described in co-pending application 
S/N 09/753,167. Acoustic volumes 80 and 82 may act 

10 as acoustic low pass filters, as described in the co-pend- 
ing application S/N 09/886,868. The low pass filtering 
effect of the volumes 80, and 82 are particularly advan- 
tageous in the present invention, because the augment- 
ing effect of the waveguide 39A is more important at low 

15 frequencies than at high frequencies. The assembly 
comprising the waveguide and transducers may also in- 
clude other elements to reduce high frequency reso- 
nances; such elements may include, for example, stra- 
tegically positioned portions of foam. The closed-ended 

20 substantially constant cross-sectional area waveguide 
may be replaced by some other form of waveguide such 
as an open-ended waveguide or a tapered or stepped 
waveguide as described in U.S. Pat. App. 09/146662. 
The low frequency acoustic energy may be radiated 

25 non-directionally. 

[0028] In a variation of the implementation of FIG. 3A, 
the characteristics of transfer functions H1 (s) - H8(s) are 
set so that transducers 27B and 28B and so that trans- 
ducers 29B and 30B radiate high frequency acoustic en- 

30 ergy non-directionally. An non-directional radiation pat- 
tern can be achieved by setting transfer functions H1 (s) 
and H2(s) so that the audio signals to transducers 27B 
and 28B and to transducers 29B and 30B arrive con- 
temporaneously and in phase. In another implementa- 

35 tion of FIG. 3A, the characteristics of transfer functions 
H1 (s) - H8(s) may be made variable, so that transducers 
27B and 28B and so that transducers 29B and 30B may 
have one operating mode in which the radiation pattern 
is directional and a second operating mode in which the 

40 radiation pattern is non-directional, or so that the trans- 
ducers 29B and 30B may have one operation mode in 
which the radiation pattern is directional in one direc- 
tional in one direction and a second operating mode in 
which the radiation pattern is directional in a second di- 

45 rection. Additionally, the transfer functions H1 (s) - H8(s) 
may be formulated so that the directionality is incremen- 
tally or continuously variable between the two modes by 
making transfer functions H1 (s) - H8(s) incrementally or 
continuously variable. 

50 [0029] FIG. 3B shows another implementation of the 
embodiment of FIG. 2. In the implementation of FIG. 3B, 
transducer 28B is acoustically coupled to waveguide 
39A near a first end of the waveguide, transducer 27B 
is acoustically coupled to waveguide 39A approximately 

55 one-fourth of the distance from the first end to the sec- 
ond end of the waveguide, transducer 30B is coupled to 
waveguide 39A approximately one-half the distance 
from the first end to the second end, and transducer 29B 
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is coupled to waveguide 39A approximately three- 
fourths of the distance from the first end to the second 
end. By varying the geometry of the waveguide and the 
mounting points of the transducers, a combination of di- 
rectional array behavior and waveguide behavior can be 
achieved. The transducers may be coupled to the 
waveguide by a volume, such as the volumes 84 - 87. 
[0030] Practical considerations may make complex 
waveguide/transducer configurations, such as the con- 
figuration of FIG. 3B difficult to achieve. In such situa- 
tions, the time delays 61 - 63 of FIG. 1B may be em- 
ployed advantageously to change the effective position 
in the waveguide of one or more of the transducers. 
[0031] The figures that show radiation patterns are di- 
agrammatic, and the transducer arrangement shown is 
not necessarily the transducer arrangement used to pro- 
duce the radiation directivity pattern shown. The direc- 
tivity pattern can be controlled in many ways. One way 
is by varying the arrangement of the transducers. Some 
examples of different transducer arrangements for con- 
trolling the directivity pattern are shown in FIG. 3C. The 
distance between the transducers can be varied, as il- 
lustrated by arrangements 232 and 234; the transducers 
can be acoustically coupled to the waveguide by an 
acoustic volume or some other acoustic element, as il- 
lustrated by arrangement 236; or the orientation of the 
transducers to the listening space may be varied, the 
orientation of the transducers to each other can be var- 
ied or additional transducers can be added as illustrated 
by one or more of arrangements 238, 240, and 242; and 
many other arrangements can be devised employing 
different arrangements of transducers or by combina- 
tions of the arrangements shown in FIG. 3C. The direc- 
tivity pattern can also be varied by signal processing 
methods, such as varying the phase between the sig- 
nals or varying the time of arrival of the signals at the 
transducers, varying the amplitude of the signals trans- 
mitted to the two transducers, varying the relative polar- 
ity of the two signals, other signal processing methods, 
individually or in combination. Controlling radiation di- 
rectivity patterns is discussed more fully in U.S. Pats. 
5,809,153 and 5,870,484. 

[0032] At very high frequencies, transducers tend to 
become directional in the direction of the axis of the 
transducer surface, that is, in the direction of cone 
movement. For arrangements such as arrangements 
238, 240, and 242, which have a transducer 244 having 
an axis 246 oriented generally toward the listening 
space associated with the audio system, additional cir- 
cuitry and signal processing can roll off the signal to 
transducers 248 that are not oriented toward the listen- 
ing space, so that at very high frequencies, sound waves 
are radiated only by a transducer 244 having an axis 
246 oriented generally toward the listening space, pro- 
viding directional radiation at very high frequencies. Al- 
ternatively, additional transducers with small radiating 
surfaces can be added very close to the listening space 
for radiating very high frequency acoustic energy at low 



levels so that the very high frequency sound waves are 
significantly more audible in the listening space associ- 
ated with the audio system than in the listening space 
associated with adjacent listening spaces. 

5 [0033] Referring to FIG. 4, there is shown a plurality 
of audio signal processing systems according to the em- 
bodiment of FIG. 3A, illustrating a contemplated use of 
the invention and disclosing another feature of the in- 
vention. In the diagram of FIG. 4, nine audio signal 

10 processing systems 1 A - 1 H, each with a corresponding 
listener 46A - 46H, are positioned in an acoustically 
open area. Each of the audio signal processing systems 
may have associated with it a video device (not shown), 
which together with the audio signal processing system 

15 and a user interface allows the listener to operate an 
interactive multimedia entertainment device. One ex- 
ample of multimedia entertainment devices is video 
games (for home or arcade use). A second class of mul- 
timedia entertainment is gambling machines (such as 

20 slot machines, bingo devices, video lottery terminals, 
poker machines, gambling kiosks, or gambling devices 
for local or wide area progressive gambling ), especially 
gambling machines intended for a casino environment, 
which includes many gambling machines in an acousti- 
cs cally open area. Each of the audio systems 1 A - 1 H may 
further have two operating modes, as described in the 
discussion of variations of FIG. 3A. The audio systems 
1 A - 1 D and 1 F - 1 H operate as in mode in which trans- 
ducers 27A and 28A and transducers 29A and 30A are 

30 radiating high frequency acoustic energy directionally 
so that the sound radiated by each audio system is sig- 
nificantly more audible by the listener associated with 
the audio system than by listeners associated with other 
audio systems. Audio system 1 E radiates high frequen- 

35 cy sound waves non-directionally, so that the high fre- 
quency sound waves radiated by system 1 E are not sig- 
nificantly more audible by the listener 46 E than by lis- 
tener associated with other systems. Audio signal 
processing systems 1A - 1H may be configured to op- 

40 erate in the first mode during some conditions and in the 
second mode under other conditions, or to switch be- 
tween modes on the occurrence of some event. Switch- 
ing between modes may be implemented by digital sig- 
nal processing or by a manual or automatic analog or 

45 digital switch or by modifying signal processing param- 
eters. There are many methods of modifying signal 
processing parameters, such as manual controls, volt- 
age controlled filters or voltage controlled amplifiers, or 
transfer function coefficient update or modification. Au- 

50 dio systems 1 A - 1 H may be networked with each other 
and with a control device 2 so that the audio system may 
be controlled locally, by the audio system, or remotely, 
by the control device 2. The audio systems 1 A - 1 E may 
also be networked so that the source of audio signals 

55 can be remote, local, or some remote and some local. 
In the FIG. 4, audio system 1 E may be operating, in re- 
sponse to a condition or to the occurrence of an event, 
in a mode so that the array including transducers 27A 
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and 28A and the array including transducers 29A and 
30A are radiating high frequency acoustic energy non- 
directionally. For example, in a video arcade implemen- 
tation, the audio system may operate in the directional 
mode under normal conditions, and switch, for a prede- 5 
termined period of time, to the non-directional mode if a 
player has reached some level of achievement. In a 
gaming room implementation, the audio system may op- 
erate in the directional mode under normal conditions, 
and switch, for a predetermined period of time, to the 
non-directional mode in the event a player hits a "jack- 
pot," thereby providing excitement and encouragement 
to all listeners in the vicinity of audio system 1E. 
[0034] An embodiment of the invention is particularly 
advantageous in a gambling casino environment. It is 
desirable to place as many machines as possible in a 
space, it is desirable for each machine to produce a suf- 
ficient level of sound to maintain excitement, and it is 
desirable for the acoustic energy radiated by each ma- 
chine to be more audible in the listening space associ- 
ated with a device than in listening spaces associated 
with adjacent devices. 

[0035] In another implementation, the directivity pat- 
tern may be made continuously or incrementally varia- 
ble between directional and non-directional, or continu- 
ously or incremental between radiating directionally in 
one direction, and radiating directionally in another di- 
rection. A method for providing continuously directional 
or incrementally variable directivity is shown below in 
FIG. 16 and the corresponding portion of the disclosure. 
[0036] Referring to FIG. 5, there is shown a diagram 
of an alternate implementation of the embodiment of 
FIG. 3A. Corresponding reference numerals in FIG. 5 
refer to like-numbered elements of FIG. 3. In the imple- 
mentation of FIG. 5, the transducers 27B, 28B, 29B, and 
30B are mounted in an enclosure 39B having a port 50. 
Transducers 27B and 28B are cone type acoustic driv- 
ers mounted so that one cone surface radiates sound 
waves into the ported enclosure and one cone surface 
radiates sound waves into free air. The value of the time 
delay At2 of FIG. 2, the characteristics of transfer func- 
tions H1(s) and H2(s) (of FIG. 2), and the location and 
orientation of transducers 27B and 28B are set so that 
the front surfaces of transducers 27B and 28B function 
as a directional array radiating sound waves corre- 
sponding to the high frequency spectral components of 
the left channel in a radiation pattern (such as cardioid 
40) that is directional in a direction 44 generally oriented 
toward listener 46 in a listening position associated with 
the audio signal processing system 1 . The value of the 
time delay At7, the characteristics of transfer functions 
H7(s) and H8(s), and the location and orientation of 
transducers 29B and 30B are set so that the front sur- 
faces of transducers 29B and 30B function as a direc- 
tional array radiating sound waves corresponding to the 
high frequency spectral components of the right channel 
in a radiation pattern (such as cardioid 42) that is direc- 
tional in a direction 48 generally oriented toward listener 



46 in a listening position associated with the audio signal 
processing system 1 . Sound waves radiated by the back 
surfaces of the cone into the ported enclosure, particu- 
larly low frequency sound waves, augment low frequen- 
cy sound waves radiated by the front surface of the 
cone. 

[0037] Referring now to FIG. 6, there is shown anoth- 
er embodiment of the invention. In the embodiment of 
FIG. 6, input terminals represent the left and left sur- 
round input terminals of a surround sound system. 
Transfer function H1(s) and H6(s) represent no change 
(have a mathematical value of unity); transfer functions 
H3(s), H4(s), H7(s), and H8(s), in processing blocks 25, 
26, 33, and 34 (of FIG. 1 A) are not present (have a math- 
ematical value of zero) and are not shown. Transfer 
function H9(s) of processing block 35 affects the 1f sig- 
nal transmitted to the transducers equally. Transfer 
functions H2(s) and H5(s) represent a phase inversion 
(denoted by the negative sign) and a time shift (At2 and 
At5). The result of the signal processing of the embodi- 
ment of FIG. 2 is that transducer 27B radiates sound 
waves corresponding to the signal combination 
Lhf-LShfAt5+(L+LS)1f and transducer 28B radiates 
sound waves corresponding to the signal combination 
LShf-LhfAt2+(L+LS)1f. There may be a like audio signal 
processing system for the right and right surround chan- 
nels. 

[0038] Referring now to FIG. 7, there is shown a dia- 
gram of an implementation of the embodiment.of FIG. 
6. In the embodiment of FIG. 7, transducers 27B-L (the 
"L" denoting the left/left surround audio signal process- 
ing system) and 28B-L are mounted in a ported enclo- 
sure 52L. The ported enclosure is configured to aug- 
ment the low frequency sound waves radiated by trans- 
ducers 27B-L and 28B-L. The spacing of the transduc- 
ers and the value of At2 is set so that sound waves cor- 
responding to the Lhf signal is radiated directionally to- 
ward listener 46 as indicated by arrow 54. The spacing 
of the transducers and the value of At5 is set so that 
sound waves corresponding the LShf signal is radiated 
directionally in a direction 56 not toward the listener so 
that the sound waves reach the listener after reflecting 
off room boundaries and objects in the room. Similarly, 
transducers 27B-R (the M R U denoting the right/right sur- 
round audio signal processing system) and 28B-R are 
mounted in a ported enclosure 52R. The ported enclo- 
sure is configured to augment the low frequency sound 
waves radiated by transducers 27B-R and 28B-R. The 
spacing of the transducers and the value of At2 is set so 
that sound waves corresponding to the Rhf signal is ra- 
diated directionally toward listener 46 as indicated by 
arrow 58. The spacing of the transducers and the value 
of At5 is set so that sound waves corresponding the 
RShf signal is radiated directionally in a direction not to- 
ward the listener so that the sound waves reach the lis- 
tener after reflecting off room boundaries and objects in 
the room. In other implementations of FIG. 6, such as 
the implementation of FIG. 4, the signal processing, 
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transducer spacing, and the value of At2 and At5 are set 
so that sound waves corresponding to both the L and 
LS signals and both the R and RS signals are radiated 
toward the listening space occupied by listener 46. If 
there is a center channel, the center channel may be 5 
radiated by a single centrally positioned transducer, by 
an assembly similar to the devices shown in FIG. 7, or 
the center channel may be downmixed, as shown below 
in FIG. 8B. 

[0039] Referring to FIG. 8A there is shown another w 
embodiment of the invention. In the embodiment of FIG. 
8, input terminals 1 0 and 1 2 may represent the input ter- 
minals of a conventional stereo audio system or the L 
and R input terminals of a conventional multichannel au- 
dio system. Also included may be a center channel input 15 
terminal 70, which could be the center channel of a mul- 
tichannel audio system. In the embodiment of FIG. 8A, 
the high frequency and low frequency spectral compo- 
nents of the audio signals are not separated, so the com- 
bining and filtering circuitry and the summers of other 20 
embodiments is not required. Input terminal 10 is cou- 
pled to electroacoustical transducer 27B through 
processing block 23. Input terminal 12 is coupled to 
electroacoustical transducer 28B through processing 
block 34. Input terminal 70 is coupled to electroacous- 25 
tical transducer 74 through processing block 72. Trans- 
fer functions H1 (s) (applied to the L signal in processing 
block 23), H8(s) (applied to the R signal in processing 
block 34) and H10(s) (applied to the C signal in process- 
ing block 72) may include functions such as individual 30 
channel equalization, individual equalization of trans- 
ducers to account for room effects, volume or balance 
control, image spreading, or other similar functions, or 
may represent no change. Sound waves corresponding 
to the full range left channel signal are radiated by trans- 35 
ducer 27B, sound waves corresponding to the full range 
right signal are radiated by transducer 28B, and sound 
waves corresponding to the full range center audio sig- 
nal are radiated by transducer 74. More detail of this 
embodiment is shown in FIG. 9. <*o 
[0040] FIG. 8B shows an alternate processing circuit 
for processing a center channel signal. In the system of 
8B, the center channel may be downmixed at summers 
76 and 78 into the left and right channels. The downmix- 
ing may include a scaling of the center channel signal, 45 
and can be done according to conventional techniques. 
[0041 ] FIG. 8C show an alternate embodiment of FIG. 
8A. The implementation of FIG. 8C contains the ele- 
ments of FIG. 8A, plus additional circuitry to process a 
low frequency signal, such as the combining and filtering so 
circuitry 1 4 coupling the input terminals 1 0 and 1 2. Com- 
bining and filtering circuitry 14 includes the summer 38, 
the low pass filter 41 , the high pass filters 36 and 40 and 
the signal lines 16, 18, and 20 of FIGS. 1,2, and 6. Ad- 
ditionally, the implementation of FIG. 8A may includes 55 
phase shifters such as the phase shifters 37A and 37B 
(not shown in this view) of previous embodiments cou- 
pling the input terminals 10,12, and 70 with summer 38 



and a high pass filter 1 42 for the center channel signal. 
If present, the relative phase applied by the phase shift- 
ers can be set so that the signals from input terminals 
10,12, and 70 combine in the proper phase relationship. 
Summers 27A, 28A, and 74A couple elements of the 
audio signal processing circuitry 22 with transducers 
27B, 28B, and 74B for the left, right, and center chan- 
nels, respectively. The embodiment of FIG. 8C functions 
as the embodiment of FIG. 8A, except that the bass por- 
tions of the three channels 1 signals are combined and 
transmitted to each of the transducers. 
[0042] Referring now to FIG. 9, there is shown an im- 
plementation of the embodiments of FIGS. 8A and 8C. 
In the embodiment of FIG. 9, transducers 27B, 28B, and 
74 are positioned in a waveguide 39A so that one side 
of the cone of each of the transducers faces the external 
environment and so that the other side of the cone of 
each of the transducers is acoustically coupled to the 
waveguide. In this embodiment, the transducers may be 
acoustically coupled to the waveguide by acoustic vol- 
umes 80, 82, and 84, according to the principles de- 
scribed above in the discussions of FIGS. 3A and 3B. 
The transducers may be coupled to the waveguide 39A 
at approximately one-fourth, one-half, and three-fourths 
of the distance between the two ends of the waveguide 
as shown, or at other positions, selected empirically or 
by simulation, that alleviate undesirable resonance ef- 
fects of the waveguide. 

[0043] Referring to FIGS. 10A and 10B, there is 
shown another embodiment of the invention. Input ter- 
minals 110-113 and 115, receive audio signals corre- 
sponding, respectively, to the left, left surround, right, 
right surround, and center channels of a surround audio 
system. Input terminals 110-113 and 115 are coupled 
to combining and filtering circuitry 1 1 4, which outputs on 
a first signal line 116 a high frequency L signal (Lhf), on 
a second signal line 117 a high frequency LS signal 
(LShf), on signal line 118 a high frequency R signal 
(Rhf), on signal line 119 a high frequency RS signal 
(RShf), on signal line 121 a high frequency C signal 
(Chf), and on signal line 120 a combined low frequency 
signal (C+L+LS+R+RS)lf. The signals on signal lines 

116 - 121 are processed by processing circuitry 122. 
The signal on signal line 116 is processed in a manner 
represented by transfer functions H1(s) and H2(s) in 
processing blocks 123 and 124, and output to summers 
127A and 128A and then to electroacoustical transduc- 
ers 127B - 128B, respectively. The signal on signal line 

117 is processed in a manner represented by transfer 
functions H3(s) and H4(s) in processing blocks 125 and 
126, and output to summers 127A and 128A and then 
to electroacoustical transducers 127B and 128B, re- 
spectively. The signal on signal line 118 is processed in 
a manner represented by transfer functions H5(s) and 
H6(s) in processing blocks 131 and 132, and output to 
summers 129A and 130A and then to electroacoustical 
transducers 129B and 1 30B, respectively. The signal on 
signal line 1 1 9 is processed in a manner represented by 
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transfer functions H7(s) and H8(s) in processing blocks 
133 and 134, and output to summers 129A and 130A 
and then to electroacoustical transducers 129B and 
130B, respectively. The signal on signal line 120 is proc- 
essed in a manner represented by transfer function H9 5 
(s)in processing block 1 35, and output to summers 1 27A 
- 130A and 173A and then to transducers 127B - 130B 
and 173B. The signal on signal line 121 is processed in 
a manner represented by transfer function H10(s)in 
processing block 1 72, and output to summer 1 73A and w 
then to electroacoustical transducer 173B. A result of 
the processing of the system of FIGS. 10A and 10B is 
that transducers 127B and 128B may receive signals 
Lhf and LShf processed according to different transfer 
functions; transducers 1 29B and 1 30B may receive sig- *5 
nals Rhf and RShf processed according to different 
transfer functions; transducer 173B may receive a proc- 
essed Chf channel signal; and that transducers 127B - 
130B and 173B each receive a combined 
(C+L+LS+R+RS)lf signal processed according to the 20 
same transfer function. 

[0044] As with the embodiment of FIG. 1 A, an optional 
phase shifter such as elements 37A and 37B of FIG. 1 A 
may be used when any combination of Llf , LSIf , Rlf , and 
RSIf are combined to provide a phase relationship that 25 
causes the signals combine appropriately. If the audio 
system does not have a discrete center channel trans- 
ducer 173B, the center channel signal may be down- 
mixed, as shown in FIG. 8B. 

[0045] One topology for implementing the combining 30 
and filtering circuitry 1 1 4 is shown in FIGS. 1 0A and 1 0B. 
Input terminal 1 1 0 is coupled to high pass filter 1 36 and 
to summer 138. Input terminal 111 is coupled to high 
pass filter 1 37 and to summer 1 38. Input terminal 1 1 2 is 
coupled to high pass filter 240 and to summer 1 38. Input 35 
terminal 113 is coupled to high pass filter 143 and to 
summer 1 38. The coupling to the summer 1 38 from any 
one of the terminals may be through a phase shifter such 
as phase shifters 37A or 37B as shown in FIG. 1 A. Sum- 
mer 138 is coupled to low pass filter 141 which outputs 40 
to signal line 120. Other filter topologies may produce 
substantially the same result; for example, the channels 
may be low pass filtered prior to their combining, or the 
high pass filters may be implemented as low pass filters 
with differential summation with the unfiltered signal, as 45 
shown below in FIG. 14. Transfer functions H1(s) - H10 
(s) may represent one or more of attenuation/amplifica- 
tion; time delay; phase shift; equalization, or other 
acoustic signal processing functions. Transfer functions 
H1(s) - H9(s) may also represent no change (or ex- so 
pressed mathematically, have a value of unity), or may 
be absent (or expressed mathematically, have a value 
of zero); examples of these two conditions will be de- 
scribed below. The system of FIGS. 10A and 10B may 
also include conventional elements, such as DACs and 55 
amplifiers, not shown in this view. Additionally, each of 
the electroacoustical transducers 27B - 30B may be 
equalized individually, in addition to any equalization 



that may be done in processing blocks 23 - 26 and 31 - 
35. In FIGS. 1 0A and 1 0B, other topologies may provide 
the same result. For example, low pass filter 141 posi- 
tioned between summer 1 38 and signal line 1 20 may be 
replaced by a low pass filter between each of the input 
terminals and summer 138. 

[0046] In one implementation of the invention, trans- 
fer functions H1(s), H4(s), H6(s), and H7(s) represent 
no change (mathematically, a value of unity) and trans- 
fer functions H2(s), H3(s), H5(S), and H8(s) represent 
a phase inversion (represented by a negative sign) and 
a time delay (represented by Atn, where n is 2, 3, 6, and 
7, respectively). 

[0047] Looked at from the point of view of the elec- 
troacoustical transducers, transducer 127B receives a 
combined signal Lhf-LShfAt3+(L+LS+R+RS+C)1f; 
transducer 128B receives a combined signal LShf- 
LhfAt2+(L+LS+R+RS+C)1f; transducer 129B receives 
combined signal RShf-Rhf At5+(L+LS+R+RS+C) 1 f ; 
transducer 130B receives combined signal 
Rhf-RShfAt8+(L+LS+R+RS+C)1 f; and transducer 1 73B 
received combined signal Chf+(C+L+LS+RS)1f.. 
[0048] Referring to FIG. 11 , there is shown a diagram 
of an implementation of the embodiment of FIGS. 10A 
and 10B. The value of the time delay At2, the charac- 
teristics of transfer functions H1(s) and H2(s), and the 
location and orientation of transducers 127B and 128B 
are set so that the front surfaces of transducers 127B 
and 128B function as a directional array radiating sound 
waves corresponding to the high frequency spectral 
components of the left channel in a radiation pattern that 
is directional in a direction 54 generally toward listener 
46 in a listening position associated with the audio signal 
processing system 1 . The value of the time delay At3, 
the characteristics of transfer functions H3(s) and H4(s), 
and the location and orientation of transducers 127B 
and 1 28B are set so that the front surfaces of transduc- 
ers 127B and 128B function as a directional array radi- 
ating sound wave corresponding to the high frequency 
spectral components of the left surround channel in a 
radiation pattern that is directional in a direction 56 in 
this instance outwardly, different from direction 54. Al- 
ternatively, the value of the time delay At3, the charac- 
teristics of transfer functions H3(s) and H4(s), and the 
location and orientation of transducers 127B and 128B 
can be set so that the front surfaces of transducers 1 27B 
and 1 28B function as a directional array radiating sound 
wave corresponding to the high frequency spectral com- 
ponents of the left surround channel in a radiation pat- 
tern that is directional in direction 54, in this instance 
inwardly. The value of the time delay At6, the character- 
istics of transfer functions H5(s) and H6(s), and the lo- 
cation and orientation of transducers 129B and 130B 
are set so that the front surfaces of transducers 129B 
and 1 30B function as a directional array radiating sound 
waves corresponding to the high frequency spectral 
components of the right channel in a radiation pattern 
that is directional in a direction 58 generally toward lis- 
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tener 46 in a listening position associated with the audio 
signal processing system 1 . The value of the time delay 
At7, the characteristics of transfer functions H7(s) and 
H8(s), and the location and orientation of transducers 
129B and 130B are set so that the front surfaces of 5 
transducers 129B and 130B function as a directional ar- 
ray radiating sound waves corresponding to the high fre- 
quency spectral components of the right surround chan- 
nel in a radiation pattern that is directional in a direction 
60 in this instance outwardly different from direction 58. w 
Alternatively, the value of the time delay At7, the char- 
acteristics of transfer functions H7(s) and H8(s), and the 
location and orientation of transducers 129B and 130B 
can be set so that the front surfaces of transducers 1 29B 
and 1 30B function as a directional array radiating sound 15 
waves corresponding to the high frequency spectral 
components of the right surround channel in a radiation 
pattern that is directional in direction 58, in this instance 
inwardly. 

[0049] Directional arrays are discussed in more detail 20 
in U.S. Pats. 5,809,153 and 5,870,484. Sound waves 
radiated by the back surfaces of the cones into the 
waveguide, particularly low frequency sound waves 
augment low frequency sound waves radiated by the 
front surfaces of the cones. In this implementation of the 25 
embodiment of FIG. 11 , transducers 1 29B and 1 30B are 
positioned near the closed end of the waveguide and 
transducers 127B and 128B are positioned approxi- 
mately halfway between the ends of the waveguide. 
With the transducers positioned in this manner, the 30 
waveguide 1 39A and the transducers operate in a man- 
ner described in co-pending U.S. Pat. App. S/N 
09,753,167. The assembly comprising the waveguide 
and transducers may also include elements to reduce 
high frequency resonances; such elements may in- 35 
elude, for example, strategically positioned portions of 
foam. 

[0050] In addition to the directivity directions shown in 
FIG. 11, the presentation mode signal processing meth- 
odology of co-pending U.S. Pat. App. S/N 09/886/868 *o 
can be used to create different combinations of directiv- 
ity patterns of the L, LS, R, and RS channels. 
[0051] Referring now to FIG. 12, there is shown an 
audio system including alternate configurations of com- 
bining and filtering circuitry 114 and audio processing 45 
circuitry 122 and including additional features of the in- 
vention. Input terminal 10 is coupled to a signal condi- 
tioner 89, which is coupled by signal line 2 1 0 to combin- 
ing and filtering circuitry 14. Input terminal 12 is coupled 
to a signal conditioner 90, which is coupled by signal 50 
line 212 to combining and filtering circuitry 14. Combin- 
ing and filtering circuitry 14 is coupled to directivity con- 
trol circuitry 91 of audio signal processing circuitry 22. 
Directivity control circuitry 91 is coupled to signal sum- 
mers 27A and 28A, each of which is in turn coupled to 55 
a corresponding electroacoustical transducer 27B, 28B. 
Combining and filtering circuitry 14 is also coupled to 
directivity control circuitry 92 of audio signal processing 



circuitry 22. Directivity control circuitry 92 is coupled to 
signal summers 29A and 30A, each of which is in turn 
coupled to a corresponding electroacoustical transduc- 
er 29B, 30B. Combining and filtering circuitry 14 is also 
coupled to processing block 35 of audio signal process- 
ing circuitry 22, which is in turn coupled to signal sum- 
mers 27A - 30A, each of which is in turn coupled to elec- 
troacoustical transducers 27B - 30B. 
[0052] More detail about the elements of FIG. 1 2 and 
a description of the operation of the elements of FIG. 1 2 
can be found in the discussion of FIGS. 13-16. 
[0053] Referring now to FIGS, 13A - 13C, there is 
shown signal conditioner 89 in more detail. Signal con- 
ditioner 89 includes signal compressor 1 60 and level de- 
pendent dynamic equalizer 162. Compressor 160 in- 
cludes multiplier 1 64, which is coupled to input terminal 
1 0 and differentially to summer 1 66. Input terminal 1 0 is 
also coupled to summer 166. Summer 166 is coupled 
to amplifier 168, which is coupled to the signal line 169 
to the level dependent dynamic equalizer 1 62. Level de- 
pendent dynamic equalizer 162 includes an input signal 
line that is coupled to multiplier 1 70 and to summer 1 72. 
Multiplier 170 is coupled differentially to summer 172 
and to summer 1 74. Summer 1 72 is coupled to equalizer 
176, which is coupled to summer 174. 
[0054] The operation of the signal conditioner 89 will 
be described by way of an example, in which input ter- 
minal 10 is the left terminal of a stereo or multichannel 
system, in which L and R are the left and right channel 

signals, respectively, and in which L and R are the am- 
plitudes of the left and right channel signals, respective- 
ly. The system can also be applied to other combinations 
of channels, such as surround channels. In operation, 
multiplier 164 of compressor 160 applies a coefficient, 

Y 

or attenuation factor, of to the input signal, where 

Y =|L|+|R| and K1 is a constant whose value depends 
on the degree of dynamic range compression desired. 
A typical value for K1 is in the range of 0.09. Summer 
1 66 differentially sums the output signal of multiplier 1 64 
with the input signal so that the signal applied to ampli- 
fier 1 68 is compressed by an amount determined by the 

Y 

value of the coefficient . The amplitude L of the in- 

y+Ki 

put signal L is effectively attenuated by a factor of 




and amplified by a factor K2 to provide the amplitude 
L com of the compressed signal, so that the amplitude 
L com of the compressed signal is 
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The expression 



' + KIJ 



Y2 = 



Y + K\. 



w 



which can be expressed as 



reduces to — — , so the amplitude L com of the com- 
pressed signal is also described by 




The compressed signal with the amplitude 

L mm ~ K2 {^~ Y + Klf* 

is transmitted to level dependent dynamic equalizer 
162. 30 

[0055] If the values of |L| and \R\ are large relative to 

Y 

K1, the value of approaches one, and the value of 




approaches zero, so the signal is significantly com- 
pressed. If the values of (L| and |R| are small, the value 
of 




45 



approaches one, and the signal is compressed very lit- 
tle. A typical value for the gain K2 of the amplifier is 5. 
[0056] Multiplier 170 of level dependent dynamic 

equalizer 162 applies a coefficient of Y2 , where K3 

Y2+K3 

is a constant that is related to the amount of dynamic 
equalization that is to be applied to the audio signal and 



Y2 JJE-\k2. 
\Y + K\) 

[0057] A typical value for K3 is 0.025. Summer 172 
differentially combines the output signal from multiplier 
170 with the compressed signal L com so that the signal 
that is output from summer 172 is effectively attenuated 
by a factor of 

{ Y2 + K3J 

[0058] The signal from summer 1 72 is then equalized 
by equalizer 1 76 and combined at summer 1 74 with the 
unequalized output of multiplier 170 so that the output 
signal of signal conditioner 89 is formed by combining 
an unequalized signal that has been attenuated by a fac- 

tor of with a signal that has been attenuated by 

V2+V3 

an equalization coefficient of 

^ Y2 + K3J 

and equalized. For large values of Y2 the value of the 
equalization coefficient approaches zero, and the equal- 
ization is applied to a small proportion of the signal. For 
small values of Y2, the value of the coefficient approach- 
es one, and the equalization is applied to a large pro- 
portion of the input signal. 

[0059] Signal conditioner 90 may have elements cor- 
responding to the elements of signal conditioner 89, ar- 
ranged in substantially the same way and performing 
substantially the same function in a substantially similar 
manner. 

[0060] FIG. 14 shows the combining and filtering cir- 
cuitry 14 of FIG. 12 in more detail. Signal line 210 is 
coupled to all pass filter 94, which is coupled differen- 
tially to summer 96. Signal line 210 is also coupled to 
low pass filter 98, which is coupled to all pass filter 140 
and coupled to summer 96. Summer 96 is coupled to 
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signal processing block 91 of audio signal processing 
circuitry 22. All pass filter 140 of phase shifter 37A is 
coupled to all pass filter 142 of phase shifter 37A. All 
pass filter 142 is coupled to summer 38. Signal line 212 
is coupled to all pass filter 95, which is coupled differen- 5 
tially to summer 97. Summer 97 is coupled to signal 
processing block 92 of audio signal processing circuitry 
22. Signal line 212 is also coupled to low pass filter 99, 
which is coupled to all pass filter 1 44 and coupled to 
summer 97. All pass filter 144 of phase shifter 37B is 10 
coupled to all pass filter 146 of phase shifter 37B. All 
pass filter 146 is coupled to summer 38. Summer 38 is 
coupled to signal processing block 35 of audio signal 
processing circuitry 22. 

[0061] The characteristics of the all pass filters in are 15 
shown in the following table: 



Filter 


Poles 


Zeroes 


140 


-8 


8 


142 


-133 


133 


144 


-37 


37 


146 


-589 


589 


94,95 


-400 


400 



Phase shifters 37A and 37B may be implemented as 
two all pass filters as shown, or may be implemented as 
more or fewer than two all pass filters, depending on the 
range of frequencies over which the relative phase dif- 
ference is desired. The filter may have different singu- 
larities than those listed in the table. Low pass filters 98 
and 99 may be second order low pass filters with a break 
frequency at about 200 Hz. Other break frequencies and 
other filter orders may be used, depending on the trans- 
ducers used and on signal processing considerations. 
Signal blocks 91 and 92 will be described in FIG. 16. 
[0062] Low pass filters 98 and 99, phase shifters 37A 
and 37B, and summer 38 perform a similar function to 
the low pass filter 41 , phase shifters 37A and 37B and 
summer 38 of FIGS. 1 A and 1B, except the signals are 
low pass filtered prior to their combining. The combina- 
tion of low pass filter 98 and summer 96 and the com- 
bination of low pass filter 99 and summer 97 perform a 
function similar to the high pass filters 36 and 40 respec- 
tively of FIGS. 1 A and 1 B. All pass filters 94 and 95 pro- 
vide the proper phase alignment when the high frequen- 
cy signals are combined in subsequent stages of the de- 
vice. 

[0063] Referring to FIG. 15A, there is shown in greater 
detail processing block 35 of the embodiment of FIG. 
12. The signal line from summer 38 is coupled to clipper 
1 90 and to notch filter 1 92. The output terminal of clipper 
1 90 is coupled to notch filter 1 94 and summer 1 96. The 
output terminal of notch filter 1 94 is coupled differentially 
to summer 1 96. The output terminal of summer 1 96 and 
the output terminal of notch filter 192 are coupled to 



summer 1 98. For explanatory purpose, some nodes are 
identified in FIG. 15A. Node 200 is on the signal line 
between the input terminal and clipper 1 90 and between 
the input terminal and notch filter 192. Node 202 is on 
the signal line between the clipper 190 and the notch 
filter 192 and between the clipper 190 and the summer 
196. Node 204 is on the signal line between notch filter 
194 and summer 196. Node 206 is one the signal line 
between notch filter 192 and summer 198. Node 208 is 
on the signal line between summers 1 96 and 1 98. Node 
209 is on the signal line between summer 198 and the 
output terminal. 

[0064] FIG. 15B shows a variation of the circuit of FIG. 
15A. In the circuit of FIG. 15B, summers 196 and 198 
of FIG. 15A have been combined into summer 197. The 
circuits of FIGS. 15A and 15B perform essentially the 
same function. 

[0065] Referring to FIGS. 15C and 15A, there are 
shown exemplary frequency response patterns at the 
nodes of FIG. 15A. Curve 210 is a frequency response 
of an audio signal. Curve 212 is a frequency response 
curve at node 202. After clipping, curve 212 has unde- 
sirable distortion 214. Curve 216 is a frequency re- 
sponse curve at node 204, following notch filter 194. 
Curve 220 illustrates the summation at summer 196. 
Curve 216' is an inverted curve 216, indicating the dif- 
ferential summation. Curve 222 is a frequency response 
at node 208, after summation at summer 1 96. Curve 224 
is a frequency response at node 206, after notch filter 
192. Curve 226 illustrates the summation at summer 
198. Curve 228 is a frequency response at node 209 
after the summing at summer 198. 
[0066] Notch filters 192 and 194 may be centered at 
approximately the frequency of maximum excursion of 
the electroacoustical transducer, or at some other nota- 
ble frequency, such as approximately the frequency at 
which impedance is low and the power supply is 
stressed. Clipper 190 may be a bipolar clipper or some 
other form of clipper that limits the amplitude of signal 
in a small frequency band. Notch filters 1 92 and 1 94 can 
be notch filters as shown, or can be a band pass or low 
pass filter. 

[0067] In operation, the circuit of FIGS. 15A and 15B 
effectively disassemble and reassemble the input signal 
as a function of frequency, using portions of both the 
clipped and undipped signals. The portion of the distor- 
tion-prone clipped signal that is used is near the maxi- 
mum excursion frequency of the electroacoustical trans- 
ducer or transducers, where it may be desirable to limit 
the maximum signal applied. The larger portion of the 
reassembled frequency response curve is from an un- 
dipped frequency response curve, which typically con- 
tains less distortion than the clipped frequency response 
curve. The circuit may also be modified to clip at more 
than one frequency, or to clip at a frequency other than 
the maximum excursion frequency. In some applica- 
tions, the notch filter could be replaced by a low pass or 
bandpass filter. The circuit of FIGS. 15A and 15B limits 
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the maximum amplitude signal at a predetermined fre- 
quency or frequencies, does not limit at other frequen- 
cies, and applies the clipping in a manner that introduc- 
es a minimum of distortion. 

[0068] Signal conditioners 89 and 90 and combining 
and filtering circuitry 14 of FIG. 12 and their component 
elements can be modified and reconfigured in many 
ways. For example, signal conditioners 89 and 90 may 
be used independently; that is, either can be used with- 
out the other. In systems that have both signal condi- 
tioners 89 and 90 and combining and filtering circuitry 
14, the order may be reversed; that is, the signals may 
first be combined and filtered, then conditioned. Either 
of the elements (compressor 160 and level dependent 
dynamic equalizer 1 62 of FIG. 1 3A) of the signal condi- 
tioner can be used independently; that is either can be 
used without the other. 

[0069] Referring to FIG. 16, there is shown the direc- 
tivity controlling circuitry 91 in greater detail. The signal 
line from summer 96 of combining and filtering circuitry 
14 of FIG. 14 is coupled the time delay 230, to multiplier 
232 and to summer 234. Time delay 230 is coupled to 
multiplier 236 and summer 238. Multiplier232 is coupled 
differentially to summer 234 and additively to summer 
27A. Multiplier 236 is coupled differentially to summer 
238 and additively to summer 28A. Summer 234 is cou- 
pled to summer 28A. Summer 238 is coupled to summer 
27A. Summer 27A is coupled to signal to electroacous- 
tical transducer 27B. Summer 28A is coupled to elec- 
troacoustical transducer 28B. Processing block 35 (not 
shown) of FIG. 14 is coupled to summers 27A and 28A. 
[0070] Since time and phase may be related in a 
known way, time delay 230 may be implemented in the 
form of one or more phase shifters. Time delay may also 
be implemented using non-minimum phase devices. In 
a DSP based system, time delay can be accomplished 
by direct delay of data samples for a number of clock 
cycles. Phase shifters may be implemented as all-pass 
filters or as complementary all-pass filters. 
[0071 ] In operation, the audio signal from summer 96 
of combining and filtering circuitry 14 is attenuated by 
multiplier 232 by an attenuation factor of 

and combined differentially with the unattenuated signal 
at summer 234. The combined signal is then transmitted 
to summer 28A. Additionally, the output of multiplier 232 
is transmitted to summer 27A. The audio signal from 
summer 96 of combining and filtering circuitry 14 is time 
delayed by time delay 230, attenuated by multiplier 236 
by an attenuation factor of 



£3 

5 

and combined differentially with the unattenuated signal 
at summer 238. The combined signal is then transmitted 
to summer 27A. Additionally, the output of multiplier 236 
is transmitted to summer 28A. Summers 27A and 28A 

10 may also receive the low frequency audio signal from 
processing block 35 of audio signal processing circuitry 
22. The combined signals at summers 27A and 28A are 
then radiated by electroacoustical transducers 27B and 
28B, respectively. The time delay At, the spacing, and 

15 the orientation of transducers 27B and 28B may be ar- 
ranged to radiate sound energy directionally, as de- 
scribed in U.S. Pats. 5,809,153 and 5,870,484, and as 
implemented in the systems of FIGS. 3A, 3B, 4, 5, 6, 7, 
and 11. 

20 [0072] The directivity of the array of electroacoustical 
transducers 27B and 28B can be controlled by control- 
ling the correlation, the amplitudes, and the phase rela- 
tionships of the L and R signals. Two cases are illustrat- 
ed at the bottom of FIG. 1 6. If L = R (that is, a monaural 

25 signal, in phase), the value of the attenuation factor is 
zero and signal -LAt but substantially no L signal is trans- 
mitted to transducer 27B, and signal L but substantially 
no -LAt is transmitted to transducer 28B. If L = -f? (that 
is, same magnitude, and in phase opposition), and the 

30 value of the coefficient is one and signal -LAt but sub- 
stantially no L signal is transmitted to transducer 28B 
and signal L but substantially no -LAt signal is transmit- 
ted to transducer 27B, resulting in a substantially differ- 
ent directivity pattern. 

35 [0073] The result of the processing of the circuit of 
FIG. 16 is that a signal that has been attenuated by a 
factor of 

40 [ L " R i 




is summed at summer 27A with a time delayed or phase 
45 shifted signal that has been attenuated by a factor of 



50 




and phase inverted (indicated by the minus sign) and 
55 with a low frequency audio signal from element 35 and 
is transduced by the transducer 27B. A signal of that has 
been attenuated by a factor of 



15 



29 



EP 1 427 254 A2 



30 




is combined at summer 28A with a time delayed signal 
that has been attenuated by a factor of 

and phase inverted (indicated by the minus sign) and 
with a low frequency audio signal from element 35 and 
is transduced by the transducer 28A. Varying the mag- 
nitude, correlation, and phase of the Land R signals can 
result in different radiation patterns, as described in the 
discussion of FIG. 4. In addition to the signal-dependent 
directivity control of FIG. 16, other arrangements, such 
as user accessible switches or automatic switches or 
signal processing can vary the directivity pattern contin- 
uously or incrementally and can be made based on the 
occurrence of some event. 

[0074] Directivity controlling circuitry 92 has substan- 
tially the same elements as directivity controlling circuit- 
ry 91, arranged in substantially the same configuration 
and performs substantially the same operations in sub- 
stantially the same manner. 

[0075] Additionally, the directivity controlling circuits 
of FIG. 16 can be used for other channels, such as sur- 
round channels. The surround channels signals may be 
processed to be radiated by transducers 27B and 28B, 
or may be processed to be radiated by other transduc- 
ers. 

[0076] Referring to FIGS. 17A and 17B, there is 
shown another embodiment of the invention. An audio 
system 300A includes a front audio system 301 A, which 
has input terminals 31 0L, 31 0C, and 31 OR for the left 
(L), center (C), and right (R) channels of a multichannel 
audio system. Each of the input terminals is coupled to 
a high pass filter 312L, 312C, and 312R, each of which 
is in turn coupled to one of processing blocks 31 3L, 
31 3C, and 31 3R. Each of processing blocks 31 3L, 
313C, and 313R is coupled to a summer 314L, 314C, 
and 31 4R, each of which is coupled to electroacoustical 
transducer 31 6L, 31 6C, and 31 6R, respectively. Elec- 
troacoustical transducers 31 6L, 31 6C, and 31 6R are 
mounted so that they radiate sound waves into a low 
frequency augmenting device, such as a waveguide 
31 8. Input terminals 31 0L, 31 0C, and 31 OR are coupled 
to a summer 320, which is coupled to a low pass filter 
311. Low pass filter 311 is coupled to processing block 
31 3LF, which is in turn coupled to summers 31 4L, 31 4C, 
and 31 4R, respectively. As in previous figures, some or 
all of the input terminals 31 0L, 31 0C and 31 OR may be 
coupled to summer 320 by a phase shifter such as ele- 



ments 37A and 37B of FIG. 1A. The elements may be 
arranged in different orders. Filters 31 2L, 31 2C, and 
31 2R may be incorporated in the transfer functions of 
the processing blocks 31 3L, 31 3C, and 31 3R. The 

5 transfer functions may incorporate processes such as 
phase shifting, delaying, signal conditioning, compress- 
ing, clipping, equalizing, HRTF processing and the like, 
or may represent zero or unity. Additionally, the trans- 
ducers 31 6L, 31 6C, and 31 6R may be mounted so that 

10 they radiate sound waves into waveguide 318 through 
an acoustic volume, as shown in previous figures. 
[0077] Front audio system 301 A operates in manner 
described in previous figures, such as FIG. 3C. Elec- 
troacoustical transducers 31 6L, 31 6C, and 31 6R each 

75 radiate a channel high frequency sound waves (Lhf , Chf , 
and Rhf, respectively) and also radiate combined low 
frequency sound waves (L+R+C)lf. The low frequency 
augmenting device, such as the waveguide 318, aug- 
ments the production of low frequency sound waves. 

20 [0078] The audio system 300A may also include a 
rear audio system 302A, shown in FIG. 1 7B. Rear audio 
system 302A includes input terminals 330LR and 
330RR for the left rear (LR) and right rear (RR) channels 
of a multichannel audio system. Each of the input termi- 

25 nals is coupled to one of high pass filters 332LR and 
332RR, each of which is in turn coupled to one of 
processing blocks 333LR and 333RR. Each of summers 
334LR, 334RR, is coupled to an electroacoustical trans- 
ducer 336LR and 336RR, respectively. Electroacousti- 

30 cal transducers 336LR and 336RR are mounted so that 
they radiate sound waves into a low frequency augment- 
ing device, such as a ported enclosure 338. Each of in- 
put terminals 330LR and 31 0RR is also coupled to sum- 
mer 340, which is in turn coupled to a low pass filter 341 . 

35 Low pass filter 341 is coupled to a processing block 
333LR, which is in turn coupled to summers 334LR and 
34RR. As in previous figures, one or both of the input 
terminals 330LR and 330RR may be coupled to summer 
340 by a phase shifter such as elements 37A and 37B 

40 of FIG. 1A. The elements may be arranged in different 
orders. Filters 332LR and 332RR may be incorporated 
in the transfer functions of the processing blocks 333LR 
and 333RR. The transfer functions may incorporate 
processes such as phase shifting, delaying, signal con- 

45 ditioning, compressing, clipping, equalizing, and the 
like, or may represent zero or unity. Additionally, the 
transducers 336LR and 336R may be mounted so that 
they radiate sound waves into a low frequency augment- 
ing devices such as a ported volume or an enclosure 

50 with a passive radiator. 

[0079] Rear audio system 302A operates in manner 
similar to previously described embodiments and may 
also operate in a manner similar to the rear acoustic ra- 
diating devices of co-pending U.S. Pat. App. 

55 1 0/309,395. The LR signals and RR signals may include 
left surround and right surround channel audio signals, 
respectively, and may also include head related transfer 
function (HRTF) elements such as interaural time differ- 
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ence, interaural phase difference, interaural level differ- 
ence, or monaural spectral cues to more accurately 
place the image of an acoustic source for the listener 
322. The transducers may also be coupled to other el- 
ements by circuitry such as is described above so that 5 
they can radiate sound with varying degrees of direc- 
tionality. 

[0080] An audio system according to the embodiment 
of FIGS. 17A and 17B is advantageous for reasons 
mentioned previously. In addition, an audio system ac- io 
cording to FIGS. 17A and 17B and radiate realistic lo- 
cational information to the listener 22, and can radiate 
different locational information to listeners of many mul- 
timedia entertainment devices in the same listening ar- 
ea. Each listener hears the sound associated with the *5 
corresponding multimedia device more clearly than the 
listener can hear sound associated with other multime- 
dia entertainment devices because of the proximity to 
the listener, as well as the natural directivity of the trans- 
ducer at very high frequencies. 20 
[0081] Referring to FIG. 18, there is shown another 
implementation of the embodiment of FIGS. 17A and 
17B. In FIG. 18, a signal processing system employing 
the circuitry of FIG. 2 provides a left signal L, a right sig- 
nal R, a left rear signal LR, and a right rear signal RR. 25 
Transducer 31 6C may be the same as in FIG. 17A, or 
may be replaced by a directional array, or the center 
channel may be downmixed as in FIG. 8B and transduc- 
er 31 6C of FIG. 17A omitted. The transducers 31 6L, 
31 6R, 336LS and 336RS of FIGS. 17A and 17B are re- 30 
placed by directional arrays. The implementation of FIG. 
18 may use two signal processing system similar to the 
system of FIGS. 1 A and 1B, or FIG. 2, one for the front 
and one for the back to accommodate both front and 
rear radiation. Transducer 31 6L and summer 31 4L of 35 
FIG. 17A are replaced by a directional array including 
transducers 316L-1 and 316L-2 together with a corre- 
sponding signal summer 31 4L-1 and 31 4L-2. Transduc- 
er 31 6R of FIG. 1 7A and summer 31 4R are replaced by 
a directional array including a transducers 316R-1 and 40 
316R-2 together with corresponding summers 314L-1 
and 314L-2. Transducers 316L-1, 316L-2, 316R-1 and 
316R-2 may be mounted so that one radiating surface 
of each transducer radiates sound wave to the external 
environment and so that one radiating surface of each 45 
transducer radiates sound waves into a low frequency 
radiation augmenting device such as acoustic 
waveguide 318. Similarly transducer 336LR and sum- 
mer 333LR of FIG. 17B are replaced by a directional 
array including transducers 336LR-1 and transducer so 
336RR-1, together with corresponding summers 
334LR-1 and 334LR-2. Transducer 336RR may be re- 
placed by a directional array including a transducers 
336RR-1 , which receives an audio signal from summer 
334RR-1 and transducer 336RR-2, which receives an 55 
audio signal from summer 334RR-2. Transducers 
336LR-1, 336LR-2, 336RR-1 and 336RR-2 may be 
mounted so that one radiating surface of each transduc- 



er radiates sound wave to the external environment and 
so that one radiating surface of each transducer radiates 
sound waves into a low frequency radiation augmenting 
device such as ported enclosure 340. 
[0082] In the implementation of FIG. 18, transducers 
31 6L-1 , 31 6L-2, 31 6R-1 , and 31 6R-2 all receive a com- 
bined left and right low frequency signal (L+R)lf. Addi- 
tionally, transducer 316L-1 receives high frequency left 
signal Lhf; transducer 316L-2 receives high frequency 
Lhf signal, polarity reversed and time delayed; transduc- 
er 316R-1 receives high frequency signal Rhf; and 
transducer 316R-2 receives signal Rhf, polarity re- 
versed and time delayed. Transducers 316L-1 and 
316L-2 operate as a directional array radiating sound 
waves corresponding to the Lhf signal in a manner such 
that more acoustic energy is radiated toward listener 
322 than toward listeners in adjacent listening spaces. 
Similarly, transducers 316R-1 and 316R-2 operate as a 
directional array radiating sound waves corresponding 
the Rhf signal in a manner such that more acoustic en- 
ergy is radiated toward listener 322 than toward listen- 
ers in adjacent listening spaces. Acoustic waveguide 
318 coacts with transducers 316L-1, 316L-2, 316R-1, 
and 316R-2 to augment the radiation of low frequency 
acoustic energy. 

[0083] Transducers 336LR-1, 336LR-2, 336RR-1, 
and 336RR-2 all receive a combined left rear and right 
rear low frequency signal (LR+RR)1f. Additionally, 
transducer 336LR-1 receives high frequency left signal 
LRhf ; transducer 336LR-2 receives high frequency LRhf 
signal, polarity reversed and time delayed; transducer 
336RR-1 receives high frequency signal Rhf; and trans- 
ducer 336RR-2 receives signal RRhf, polarity reversed 
and time delayed. Transducers 336LR-1 and 336LR-2 
operate as a directional array radiating sound waves 
corresponding to the LRhf signal in a manner such that 
more acoustic energy is radiated toward listener 322 
than toward listeners in adjacent listening spaces. Sim- 
ilarly, transducers 336RR-1 and 336RR-2 operate as a 
directional array radiating sound waves corresponding 
to the RRhf signal in a manner such that more acoustic 
energy is radiated toward listener 322 than toward lis- 
teners in adjacent listening spaces. Ported enclosure 
340 coacts with transducers 316LR-1, 316LR-2, 
31 6RR-1 , and 31 6RR-2 to augment the radiation of low 
frequency acoustic energy. 

[0084] The left rear LR and right rear RR signal may 
correspond to left and right surround signals, or may in- 
clude other or additional information, for example HRTF 
information as in FIGS. 1 7B and 1 8, or other information 
such as individualized sound tracks or audio messages. 
[0085] Other implementations of the system FIGS. 
17A and 17B and the system of FIG. 18 may be imple- 
mented by combining front audio system 301 A of FIG. 
1 7A with back audio system 302B of FIG. 1 8, or by com- 
bining back audio system 302 A of FIG. 17A with front 
audio system 301 B of FIG. 18. Other features of other 
embodiments, such as the level dependent dynamic 



17 



33 



EP 1 427 254 A2 



34 



equalizer and the compressor of FIGS. 1 3A - 1 3C or the 
variable directivity components of FIG. 16 may be em- 
ployed in the implementations of FIGS. 17A, 17B, and 
18. 

[0086] FIG. 19 shows another implementation of the 
system of FIGS. 1 7A and 1 7B and 1 8. In the implemen- 
tation of FIG. 19, the rear audio system 302C low fre- 
quency augmenting device of FIGS. 1 7B or 340 of FIG. 
18 is omitted. Transducers 336LR-1 , 336LR-2, 336RR- 
1 and 336RR-2 may be positioned in a small enclosure, 
preferably close to the head of a listener 322. The LR 
signal includes the high frequency portion of the LS sig- 
nal, with HTRF processing as described in U.S. Pat. 
App. 10/309,395 if desired. The RR signal includes the 
high frequency portion of the RS signal, with HRTF 
processing if desired. The low frequency portion of sig- 
nals LS and RS may be routed to summers 314L-1, 
314L-2, 314R-1 , and 314R-2, so that all low frequency 
acoustic energy is radiated by transducers of the front 
audio system 301 B. 

[0087] In an alternate configuration of FIG. 19, the 
front audio system may be similar to the front audio sys- 
tem 301 A of FIG. 17A OR 301 B of FIG. 18. In another 
alternate configuration of FIG. 19, front low frequency 
augmenting device such as waveguide 318 may be 
omitted, and all low frequency signals may be radiated 
by a rear audio system such as 302A of FIG. 17B, 302B 
of FIG. 18, or 302C. 

[0088] Implementations according to FIGS. 17A and 
17B or FIG. 18 are especially well suited for situations 
in which large numbers of audio sources playing differ- 
ent audio program material (such as gambling machines 
or video games or other multimedia entertainment de- 
vice) are in relatively close proximity in a common lis- 
tening area. Implementations according to FIG. 17A and 
17B or FIG. 18 permit radiating of all surround sound 
channels with accurate placing of acoustic images and 
sufficient low frequency radiation without the need for 
separate low frequency loudspeakers. 
[0089] It is evident that those skilled in the art may 
now make numerous uses of and departures from the 
specific apparatus and techniques disclosed herein 
without departing from the inventive concepts. Conse- 
quently, the invention is to be construed as embracing 
each and every novel feature and novel combination of 
features disclosed herein and limited only by the scope 
of the appended claims. 



Claims 

1 . A method for processing audio signals, comprising: 

receiving a first channel audio signal; 
separating said first audio channel signal into a 
first channel first spectral portion and a first 
channel second spectral portion; 
a first processing, of said first channel signal 



first spectral portion, according to a first proc- 
ess represented by a first non-unity non-zero 
transfer function to provide a first channel first 
processed signal; 

5 a second processing, of said first channel first 

spectral portion, according to a second process 
represented by a second transfer function, dif- 
ferent from said first transfer function, to pro- 
vide a first channel second processed signal; 

10 combining said first channel first processed sig- 

nal and said first channel second spectral por- 
tion to provide a first channel first combined sig- 
nal; 

transducing, by a first electroacoustical trans- 
15 ducer, said first combined signal; 

combining said first channel second processed 
signal and said first channel second spectral 
portion to provide a first channel second com- 
bined signal; and 
20 transducing, by a second electroacoustical 

transducer, said second combined signal. 

2. A method for processing an audio signal in accord- 
ance with claim 1 , 

25 wherein said first transfer function comprises delay- 
ing said first channel first spectral portion so that 
said first channel first processed signal is time de- 
layed relative to said first channel second proc- 
essed signal and wherein said first transfer function 

30 comprises polarity inverting said first channel audio 
signal first spectral portion so that said first channel 
first processed signal is polarity inverted relative to 
said first channel second processed signal. 

35 3. A method for processing an audio signal in accord- 
ance with claim 2, 

wherein said first transfer function and said second 
transfer function comprise head related transfer 
functions. 

40 

4. A method for processing an audio signal in accord- 
ance with claim 3, further comprising: 

receiving a second channel audio signal; 

45 separating said second channel audio signal in- 

to a second channel first spectral portion and a 
second channel second spectral portion; 
processing said second channel first spectral 
portion according to a first process represented 

50 by a third non-unity non-zero transfer function 

to provide a second channel first processed sig- 
nal; 

processing said second channel audio signal 
first spectral portion according to a second 
55 process represented by a fourth transfer func- 

tion, different from said third transfer function, 
to provide a second channel second processed 
signal; 
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combining said second channel first processed 
signal and said second channel second spec- 
tral portion to provide second channel first com- 
bined signals; 

transducing, by a third electroacoustical trans- 
ducer, said second channel first combined sig- 
nals; 

combining said second channel audio second 
processed signals and said second channel 
second spectral portion to provide second 
channel second combined signals; and 
transducing, by a fourth electroacoustical 
transducer, said second channel second com- 
bined signals. 

5. A method for processing an audio signal in accord- 
ance with claim 4, 

wherein said third transfer function comprises de- 
laying said second channel first spectral portion so 
that said second channel first processed signal is 
time delayed relative to said second channel sec- 
ond processed signal and wherein said third trans- 
fer comprises polarity inverting said second chan- 
nel first spectral portion so that said second channel 
first processed signal is polarity inverted relative to 
said second channel second processed signal. 

6. A method for processing an audio signal in accord- 
ance with claim 5, 

wherein said third transfer function and said fourth 
transfer function comprise head related transfer 
functions. 

7. A method for dynamically equalizing an audio sig- 
nal, comprising: 

providing an audio signal; 
a first attenuating, of said audio signal, by a var- 
iable factor G, where 0<G<1 to provide a first 
attenuated signal; 

a second attenuating, of said audio signal, by 
a variable factor 1 -G to provide a second atten- 
uated signal; 

equalizing said first attenuated signal to pro- 
vide an equalized first attenuated signal; and 
combining said equalized first attenuated sig- 
nal with said second attenuated signal to pro- 
vide an output signal. 

8. A method for dynamically equalizing an audio signal 
in accordance with claim 7, wherein said second at- 
tenuating comprises: 

combining differentially said first attenuated au- 
dio signal and said first audio signal to provide 
said second attenuated signal. 

9. A method for an equalizing audio signal in accord- 



ance with claim 7, 

wherein said audio signal is a compressed audio 
signal and wherein providing said signal comprises: 

5 attenuating an input audio signal by a factor C 

that is responsive to the amplitude of said input 
audio signal to provide an attenuated input au- 
dio signal; 

applying a gain K2 to said attenuate input audio 
10 signal to provide said compressed audio signal. 

10. A method for equalizing an audio signal in accord- 
ance with claim 9, 

wherein said the value of factor C is responsive to 
15 the absolute value of the amplitude of said input au- 
dio signal. 

11. A method for equalizing an audio signal in accord- 
ance with claim 10, 

20 wherein the value of said factor G is responsive to 
said value of said factor C. 

12. A method for equalizing an audio signal in accord- 
ance with claim 7, 

25 wherein the value of said factor G is responsive to 
the amplitude of said audio signal. 

13. A method for processing a multichannel audio sig- 
nal, comprising: 

30 

separating a first audio channel signal stream 
into a first channel first spectral portion and a 
first channel second spectral portion; 
separating a second audio channel signal 

35 stream into a second first spectral portion and 

a second channel second spectral portion; 
processing said first channel signal first spec- 
tral portion according to a first process repre- 
sented by a first non-unity non-zero transfer 

40 function to provide a first processed signal; 

processing said first audio channel signal first 
spectral portion according to a second process 
represented by a second transfer function dif- 
ferent from said first transfer function to provide 

45 a second processed signal; 

processing said second channel first spectral 
portion according to a third process represent- 
ed by a third non-unity non-zero transfer func- 
tion to provide a third processed signal; 

so processing said second channel signal first 

spectral portion according to a fourth process 
represented by a fourth transfer function differ- 
ent from said third transfer function to provide 
a fourth processed signal; 

55 combining said first channel second spectral 

portion and said second channel second spec- 
tral portion to provide a combined first channel 
second spectral portion; 



1Q 



37 



EP 1 427 254 A2 



38 



transducing, by a first electroacoustical trans- 
ducer, said first channel combined second 
spectral portion and a one of said first channel 
first processed signal, said first channel second 
processed signal, said first channel third proc- 
essed signal and said first channel fourth proc- 
essed signal. 

14. A method for processing a multichannel audio sig- 
nal stream in accordance with claim 13, further 
comprising transducing, by a second electroacous- 
tical transducer, said first channel combined second 
spectral portion and a second one of said first proc- 
essed signal, said second processed signal, said 
third processed signal and said fourth processed 
signal. 

1 5. A method for processing multichannel audio signals 
in accordance with claim 14, wherein said first and 
second channels are a left channel and a right chan- 
nel, and wherein said first and second electroa- 
coustical transducers are positioned in front of a lis- 
tener, further comprising 

separating a third audio channel signal into a 
third channel first spectral portion and a third chan- 
nel second spectral portion; 

separating a fourth audio channel signal into 
a fourth channel first spectral portion and a fourth 
channel second spectral portion; 

processing said third audio channel signal 
first spectral portion according to a fifth process rep- 
resented by a fifth non-unity non-zero transfer func- 
tion to provide a fifth processed signal; 

processing said third channel first spectral 
portion according to a sixth process represented by 
a transfer function different from said fifth transfer 
function to provide a sixth processed signal; 

processing said fourth channel signal first 
spectral portion according to a seventh process rep- 
resented by a seventh non-unity non-zero transfer 
function to provide a seventh processed signal; 

processing said fourth audio channel first 
spectral portion according to an eighth process rep- 
resented by a transfer function different from said 
seventh transfer function to provide an eighth proc- 
essed signal; 

combining said third audio channel second 
spectral portion and said fourth audio channel sec- 
ond spectral portion to provide a second combined 
second spectral portion; 

transducing, by a third electroacoustical 
transducer positioned behind said listener, said 
second combined second spectral portion and a 
one of said fifth processed signal, said sixth proc- 
essed signal, said seventh processed signal and 
said eighth processed signal. 

1 6. A method for processing multichannel audio signals 



in accordance with claim 13, wherein one of said 
processing said first audio channel first spectral 
portion comprises at least one of a group of proc- 
esses consisting of attenuating, amplifying, delay- 
5 ing, and equalizing. 

17. An electroacoustical device, comprising: 

a first directional array, said first directional ar- 
J0 ray comprising a first electroacoustical trans- 

ducer and a second electroacoustical transduc- 
er, said first and second electroacoustical 
transducers each comprising a first radiating 
surface and a second radiating surface; and 
15 a low frequency augmenting structure having 

an interior and an exterior 

wherein said electroacoustical device is con- 
structed and arranged so that said first electroa- 

20 coustical transducer first radiating surface and said 
second electroacoustical transducer first radiating 
surface face a surrounding environment and so that 
said first electroacoustical transducer second radi- 
ating surface and said second electroacoustical 

25 transducer second radiating surface face said low 
frequency augmenting structure interior. 

18. An electroacoustical device in accordance with 
claim 17, further comprising: 

30 

a second directional array, said second direc- 
tional array comprising a third electroacoustical 
transducer and a fourth electroacoustical trans- 
ducer, said third and fourth electroacoustical 
35 transducers each comprising a first radiating 

surface and a second radiating surface; 

wherein said electroacoustical device is con- 
structed and arranged so that said third electroa- 

40 coustical transducer first radiating surface and said 
fourth electroacoustical transducer first radiating 
surface face said surrounding environment and so 
that said third electroacoustical transducer second 
radiating surface and said fourth electroacoustical 

45 transducer second radiating surface face said low 
frequency augmenting structure interior. 

19. An electroacoustical device in accordance with 
claim 17, wherein said low frequency augmenting 

50 device comprises one of an acoustical waveguide 
and a ported enclosure. 

20. A method for operating a multichannel audio sys- 
tem, said multichannel audio system comprising a 

55 first and second electroacoustical transducer and 
an acoustic waveguide, said method comprising: 

positioning said first transducer and said sec- 
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ond transducer at separated pointsin said 
waveguide so that a first radiating surface of 
said first transducer and a first radiating surface 
of said a second transducer radiate sound 
waves into said acoustic waveguide; 
separating a first channel signal into a first 
channel high frequency audio signal and a first 
channel low frequency audio signal; 
separating a second channel signal into a sec- 
ond channel high frequency audio signal and a 
second channel low frequency audio signal; 
combining said first channel low frequency au- 
dio signal and said second channel low fre- 
quency audio signal to form a common low fre- 
quency audio signal; 

transmitting said common low frequency audio 
signal to said first transducer and said second 
transducer; 

transmitting said first channel high frequency 
audio signal to said first transducer; 
transmitting said second channel high frequen- 
cy audio signal to said second transducer; 
radiating into said waveguide, by said first 
transducer, sound waves corresponding to said 
first channel high frequency signal and said 
common low frequency audio signal; 
radiating into said waveguide, by said second 
transducer, sound waves corresponding to said 
second channel high frequency signal and said 
common low frequency audio signal. 

21. A method for operating an audio system in accord- 
ance with claim 20, said acoustic waveguide having 
an effective length, wherein said positioning step in- 
cludes positioning first transducer so that when said 
first transducer radiates into said waveguide a first 
sound wave having a wavelength substantially 
equal to said effective length, said second transduc- 
er radiates a second sound wave into said 
waveguide so that said second sound wave has a 
substantially opposing phase to said first sound 
wave. 

22. A method for operating an audio system in accord- 
ance with claim 21 , positioning said first transducer 
so that a second radiating surface of said first trans- 
ducer radiates sound waves to the external environ- 
ment by a direct path absent said waveguide. 

23. A method for operating a multimedia entertainment 
device having an audio system having a first and a 
second loudspeaker array and a first and second 
audio channel, said first and second audio channels 
each having a high frequency portion and a low fre- 
quency portion, said multimedia entertainment de- 
vice including an associated listening space, said 
method comprising: 



radiating directionally toward said listening 
space, by said first loudspeaker array, sound 
waves corresponding to said first audio channel 
high frequency portion; 
5 radiating directionally toward said listening 

space, by said second loudspeaker array, 
sound waves corresponding to said second au- 
dio channel high frequency portion; and 
radiating non-directionally, by said first loud- 
10 speaker array and said second loudspeaker ar- 

ray, said first channel low frequency portion and 
said second channel low frequency portion. 

24. A method for operating a multimedia entertainment 
15 device in accordance with claim 23, wherein said 

multimedia entertainment device is a video game. 

25. A method for operating a multimedia entertainment 
device in accordance with claim 23, wherein said 

20 multimedia entertainment device is a gambling ma- 
chine. 

26. An entertainment area comprising: 

25 a first multimedia entertainment device com- 

prising an audio system, said audio system 
comprising a first audio channel and a second 
audio channel, said first audio channel and said 
second audio channel each comprising a high 
30 frequency portion and a low frequency portion, 

said first multimedia entertainment device com- 
prising a first loudspeaker array and a second 
loudspeaker array, said entertainment area in- 
cluding a listening space associated with said 
35 first multimedia entertainment device; 

a second multimedia entertainment device 
comprising an audio system, said audio system 
comprising a first audio channel and a second 
audio channel, said first audio channel and said 
40 second audio channel each comprising a high 

frequency portion and a low frequency portion, 
said second multimedia entertainment device 
comprising a first loudspeaker array and a sec- 
ond loudspeaker array, said entertainment area 
45 including a listening space associated with said 

second multimedia entertainment device; 

wherein said first multimedia entertainment 
device and said second multimedia training device 
50 are in a common listening area; 

wherein said first multimedia entertainment 
device is constructed and arranged to radiate sound 
waves corresponding said first device first channel 
high frequency portion and said first device second 
55 channel high frequency portion directionally so that 
said sound waves corresponding to said first device 
first channel high frequency portion and said sound 
waves corresponding to said first device second 
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channel high frequency portion are significantly 
more audible in said listening space associated with 
said first device than in said listening space asso- 
ciated with said second device; and 

wherein said second multimedia entertain- 
ment device is constructed and arranged to radiate 
sound waves corresponding said second device 
first channel high frequency portion and said sec- 
ond device second channel high frequency portion 
directionally so that said sound waves correspond- 
ing to said second device first channel high frequen- 
cy portion and said second device second channel 
high frequency portion are significantly more audi- 
ble in said listening space associated with said sec- 
ond device than in said listening space associated 
with said first device. 

27. An entertainment area in accordance with claim 26, 
wherein said entertainment area is a gambling ca- 
sino and wherein said first and second multimedia 
entertainment devices are gambling devices. 

28. An entertainment area in accordance with claim 27, 
further comprising a control device, wherein said 
gambling devices are networked with each other 
and with said control device so that first multimedia 
gambling device and said second multimedia gam- 
bling device are controllable from said control de- 
vice. 

29. An entertainment area in accordance with claim 26, 
further comprising a control device, wherein said 
first and second multimedia entertainment devices 
are networked with each other and with said control 
device so that first multimedia entertainment device 
and said second multimedia gambling device are 
controllable from said control device. 

30. An audio system for radiating sound waves corre- 
sponding to a first audio signal and a second audio 
signal, said audio system including an indicator for 
indicating a directional radiation pattern preference, 
said indicator having at least two states, said audio 
system comprising: 

a detector for detecting said indicator; 

a directional array for radiating sound waves in 

a plurality of directional radiation patterns, 

wherein said directional array is constructed 
an arranged to radiate acoustic energy according 
to a first directional radiation pattern upon the de- 
tection of a first indicator state to radiate acoustic 
energy according to said second directional radia- 
tion pattern upon the detection of a second indicator 
state. 

31. An audio system in accordance with claim 30, 



wherein said indicator comprises relative phase of 
a first audio channel and a second audio channel. 

32. An audio system in accordance with claim 30, 
5 wherein said indicator comprises an absolute value 

of a signal amplitude. 

33. An audio system in accordance with claim 30, 
wherein said directional radiation pattern is contin- 
ue uously variable between said first directional radia- 
tion pattern and said second directional radiation 
pattern. 

34. An audio system in accordance with claim 30, 
15 wherein said directional radiation pattern is incre- 
mentally variable between said first directional ra- 
diation pattern and said second directional radiation 
pattern. 

20 35. An audio system in accordance with claim 30, 
wherein said directional array is constructed and ar- 
ranged to radiate more acoustic energy corre- 
sponding to said first signal in a first direction than 
in a second direction according to said first radiation 

25 pattern and wherein said directional array is con- 
structed and arranged to radiate more acoustic en- 
ergy corresponding to said first signal in said sec- 
ond direction than in said first direction according to 
said second radiation pattern. 

30 

36. An audio system in accordance with claim 35, 
wherein said first signal comprises an audio chan- 
nel signal and said second signal comprises a time 
delayed said audio channel signal. 

35 

37. An audio system in accordance with claim 35, 
wherein said directional array is constructed an ar- 
ranged to radiate more acoustic energy corre- 
sponding to said second signal in said second di- 

40 rection than in said first direction according to said 
first radiation pattern and to radiate more acoustic 
energy corresponding to said second channel sig- 
nal in said first direction than in said second direc- 
tion according to said second radiation pattern. 

45 

38. An audio system in accordance with claim 37, 
wherein said first signal comprises an audio chan- 
nel signal and said second signal comprises a time 
delayed said audio channel signal. 

50 

39. An audio system in accordance with claim 30, 
wherein said first directional pattern is directional in 
a first direction and said second directional pattern 
is substantially non-directional. 

55 

40. A method for clipping and post-clipping processing 
an audio signal, comprising: 
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clipping an audio signal to provide a clipped au- 
dio signal; 

filtering, by a first filter, said audio signal to pro- 
vide a filtered undipped audio signal; 
filtering, by a second filter, said clipped audio 
signal to provide a filtered clipped audio signal; 
differentially combining said filtered clipped au- 
dio signal and said clipped audio signal to pro- 
vide a differentially combined audio signal; and 
combining said filtered undipped audio signal 
and said differentially combined audio signal to 
provide an output signal. 

41 . A method for clipping an audio signal in accordance 
with claim 40, 

wherein said first filter is a notch filter. 

42. A method for clipping an audio signal in accordance 
with claim 41 , 

wherein said second filter is a notch filter. 

43. A method for clipping an audio signal in accordance 
with claim 42, 

wherein said first filter and said second filter have 
substantially the same notch frequency. 

44. A method for controlling the directivity of a sound 
radiation pattern, comprising: 



differentially combining said first variably atten- 
uated audio signal and said input audio signal 
to provide said second variably attenuated au- 
dio signal. 

5 

46. A method for controlling the directivity of a sound 
radiation pattern in accordance with claim 45, 
wherein said fourth attenuating comprises: 

10 differentially combining said first variably atten- 

uated delayed audio signal with said delayed 
audio signal to provide said second attenuated 
delayed audio signal. 

15 47. A method for controlling the directivity of a sound 
radiation pattern in accordance with claim 46, 
wherein G = H. 

48. A method for controlling directivity of a loudspeaker 
20 array in accordance with claim 47 wherein 

Itl+lfll 1 

25 

wherein L is the amplitude of a first channel audio 
signal and R is the amplitude of a second channel 
audio signal. 



30 49. A gambling device comprising: 

an associated listening space; 
and an audio system, said audio system com- 
prising a directional loudspeaker array com- 

35 prising a plurality of transducers and wherein 

sound waves radiated by a first of said plurality 
of transducers combines constructively in a first 
direction and combines destructively in a sec- 
ond direction, and wherein said first direction is 

to toward said listening space. 



providing an audio signal to a first attenuator, a 
time delay, and a first summer; 
a first attenuating, by said first attenuator by a 
variable factor G, where 0<G<1 of said audio 
signal to provide a first variably attenuated au- 
dio signal; 

a second attenuating, by a variable factor (1 -G) 
of said audio signal to provide a second variably 
attenuated audio signal; 
time delaying said first audio signal to provide 
a delayed audio signal; 

a third attenuating , by a variable factor H, of 
said delayed audio signal to provide a first var- 
iably attenuated delayed audio signal; 
a fourth attenuating, by a variable factor (1-H) 
to provide a second variably attenuated de- 
layed audio signal; 

combining said first variably attenuated audio 
signal with said second variably attenuated de- 
layed audio signal to provide a first transducible 
audio signal; and 

combining said second variably attenuated au- 
dio signal with said first variably attenuated de- 
layed audio signal to provide a second trans- 
ducible audio signal. 

45. A method for controlling the directivity of a sound 
radiation pattern in accordance with claim 44, 
wherein said second attenuating comprises: 



50. A multimedia entertainment system, comprising 

a first and a second multimedia entertainment 
device, each comprising: 

45 

a first input terminal for receiving a first channel 
audio signal; 

a second input terminal for receiving an second 
channel audio signal; 
50 dynamic equalizing circuitry for dynamically 

equalizing said first channel audio signal and 
said second channel audio signal to provide a 
dynamically equalized first channel signal and 
a dynamically equalized second channel signal 
55 said dynamic equalizing circuitry comprising 

a first attenuator for attenuating a dynamic 
equalizer input audio signal by a variable factor 
G, where 0<G<1 to provide a first attenuated 
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dynamic equalizer signal; 
a second attenuator for attenuating said dy- 
namic equalizer input audio signal, by a varia- 
ble factor 1-G to provide a second attenuated 
dynamic equalizer signal; 5 
an equalizer, for equalizing said first attenuated 
dynamic equalizer signal to provide an equal- 
ized first attenuated dynamic equalizer signal; 
and 

a dynamic equalizer combiner, for combining w 
said equalized first attenuated dynamic equal- 
izer signal with said second attenuated signal 
to provide a dynamic equalizer output signal; 
clipping and post-clipping processing circuitry 
for clipping said dynamically equalized first is 
channel signal and said dynamically equalized 
second channel signal to provide a clipped first 
channel signal and a clipped second channel 
signal, said clipping and post clipping process- 
ing circuitry comprising 20 
a clipper, for clipping a clipper input audio signal 
to provide a clipped audio signal; 
a first clipper filter, for filtering said clipper input 
audio signal to provide a filtered undipped au- 
dio signal; 25 
a second clipper filter for filtering said clipped 
audio signal to provide a filtered clipped audio 
signal; 

a first clipper combiner, for differentially com- 
bining said filtered clipped audio signal and 30 
said clipped audio signal to provide a differen- 
tially combined clipper audio signal; and 
a second clipper combiner for combining said 
filtered undipped audio signal and said differ- 
entially combined audio signal to provide a clip- 35 
per output signal; 

a first separator, for separating said first clipped 
first channel audio signal into a first channel 
high frequency signal and a first channel low 
frequency signal; *o 
a first separator, for separating said clipped first 
channel signal into a first channel high frequen- 
cy signal and a first channel low frequency sig- 
nal; 

a second separator, for separating said clipped 45 
second channel signal into a second channel 
high frequency signal and a second channel 
low frequency signal; 

a first processor, for processing said first chan- 
nel high frequency signal to provide a proc- 50 
essed first channel signal and a first channel 
canceling signal, wherein said first channel 
canceling signal is time-delayed and polarity in- 
verted relative to said processed first channel 
signal; 55 
a second processor, for processing said sec- 
ond channel high frequency signal to provide a 
processed second channel signal and a second 



channel canceling signal, 

wherein said second channel canceling signal is 
time-delayed and polarity inverted relative to said 
processed second channel signal 

a first signal combiner, for combining said 
processed first channel signal and said first channel 
low frequency signal to provide a first channel out- 
put signal; 

a second signal combiner, for combining said 
first channel canceling signal and said first channel 
low frequency signal to provide a first channel can- 
celing output signal; 

a third signal combiner, for combining said 
processed second channel signal and said second 
channel low frequency signal to provide a second 
channel output signal; 

a fourth signal combiner, for combining said 
second channel canceling signal and said second 
channel low frequency signal to provide a second 
channel canceling output canceling signal; 

a first electroacoustical transducer, for trans- 
ducing said first channel output signal to provide a 
first channel sound wave; 

a second electroacoustical transducer, for 
transducing said first channel canceling output sig- 
nal to provide a first channel canceling output 
sounds wave, 

wherein said first electroacoustical transducer and 
said second electroacoustical transducer are posi- 
tioned such that said first channel canceling output 
sound wave destructively interferes in a first direc- 
tion and does not destructively interfere in a second 
direction, wherein said second direction is toward a 
listening space associated with said multimedia en- 
tertainment device and wherein said first electroa- 
coustical transducer and said second electroacous- 
tical transducer are mounted in a low frequency 
augmenting device so that said first channel output 
sound wave and said first channel canceling sound 
wave are radiated into said low frequency augment- 
ing device; 

a third electroacoustical transducer, for trans- 
ducing said second channel output signal to provide 
a second channel sound wave; 

a fourth electroacoustical transducer, for 
transducing said second channel canceling output 
signal to provide a second channel canceling output 
sounds wave, 

wherein said third electroacoustical transducer and 
said fourth electroacoustical transducer are posi- 
tioned such that said second channel canceling out- 
put sound wave destructively interferes in a third di- 
rection and does not destructively interfere in a 
fourth direction, wherein said fourth direction is to- 
ward a listening space associated with said multi- 
media entertainment device and wherein said third 
electroacoustical transducer and said fourth elec- 
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troacoustical transducer are mounted in a low fre- 
quency augmenting device so that said second 
channel output sound wave and said second chan- 
nel canceling sound wave are radiated into said low 
frequency augmenting device; 5 

circuitry for modifying said first channel output 
signal and said first channel output signal to modify 
the orientation of said first direction; and 

circuitry for modifying said second channel 
output signal and said second channel canceling 10 
output signal to modify the orientation of said third 
direction; 

a network, for communicatingly coupling said 
first and second multimedia entertainment devices. 
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